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ONSOZ

Agilis toplantisini Temmuz 2001 tarihinde yapmig COST 276 aksiyonu kendi icinde
yapilanma ve belli alt konulara odaklanma stireci gecirmis ve COST 276 aksiyonunun
icerdigi genis baslk altinda 4 adet calisma grubu (WG) olusturulmustur. O.DT.U.
Elektrik-Elektronik Muhendisligi Bolumi  projeye dahil oldugu 1. 8. 2002 tarihinden

itibaren asagidaki konulara yogunlagmis ve bu konularda arastirmalanni surdtrmustar.

(@)  cogulortam bilgilerinin yénetimi igin otomatik endeksleme metodlari gelistirmek
(WGH1),

(b) dagimik bir gogulortam bilgi yonetim/idare sistemi mimarisi gerceklestirmek
(WG2),

(c) gezgin ve ag tabanli sistemler icin gogulortam bilgi alisverisini saglayacak

algoritmalar olusturmak (WG4).

2003 yilinda COST 276 yonetim kurulu karariyla yapilan degisiklik sonucu, aksiyon
kapsamina gorintl ve video igine bilgi saklama ve damgalama konusu eklendikden

sonra bu konuda da katkida bulunulmustur.

Bu proje ODTU Elektrik Elektronik Muhendisligi Bolumiinde gergeklestirimis olup
TUBITAK EEEAG tarafindan desteklenmistir.
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Ginumizde ¢ogulortamli teknolojilerin, iletisim ve yayincilik sektdrunan hizii bir sekilde
yakinsamasina sahit olmaktayiz. Etkilesimli televizyon, ismarlama video (video-on-
demand), sayisal kayit cihazlari bu yakinsamanin ortaya ¢ikardigr 6nemli driinler olarak
bilinmektedir. Bu drinlerin gelistirilmesi ve amaglarina uygun hizmet edebilmesi igin
énemli olan unsurlar kullanict servislerinin verimli teslimi, otomatik igerik isleme,

kisisellestirme olarak sayilabilir. Bunlarin gerceklestirilebilmesi igin bu proje kapsaminda

4 ana madde Uzerinde yogunlagiimistir :

o lcerik ve bilgi iceren dteveri (metadata) tanimlan: Kullanicilar igin
kisisellestirimis icerik segimi, bu icerigin uygun bir bigimde tanimlanmasini (6r:
steveri kullanarak) gerektirmektedir. Ginimizde MPEG-7 gibi igerik
tanimlamaya yonelik cesitli standartlar bulunmaktadir ve bu madde
gerceklestirilicken bu verilerden yararlaniimigtir. Ayni zamanda bu madde
kapsaminda igerik ve dizin teknikleri Uzerinde de duruimustur.

e Cogulortamii sistem teknolojileri: Cogulortamli verinin etkili bir bigcimde iletimini
icermektedir. Burada amag varolan telli ve gezgin ag yapisi kullanilarak verinin
en az kayipla ve en uygun fiyatia kullanici tarafina ulastiriimasidir.

e Damgalama:: Bu birim gogulortam verilerinin givenirliginin saglanmasi igin
tasarlanmaktadir.

e Cogulortamli veri yonetimi: Bu maddede codulortamli sistemlerde bulunan veri
goklugu goéz onilnde bulundurularak degisik veri tipleri igin uygun

tanimlamalarin gelistiriimesi hedeflenmistir.

Anahtar Sozciikler:
Cogulortam, veritabani, gezgin iletisim, damgalama, veri yonetimi
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ABSTRACT

Recently, we have been facing dramatic convergence of multimedia, hypermedia
technologies, i.e. personal mobile terminals, television, video and computer
technologies. It became apparent that interactive television, video-on demand, computer
technology and massive storage technologies, coupled with the infermation and
knowledge management, would drive the integration of hypermedia technologies even
closer. In these converging worlds of telecommunications, broadcasting and the Internet,
multimedia content management is therefore a key factor in promoting efficient delivery

of end user services. To address these technologies, in this project we concentared on

4 topics:

« Content and knowledge metadata descriptors
¢ Multimedia systems and terminals

¢ Watermarking

« Multimedia content management

Keywords:
Multimedia, database, wireless communication, watermarking, data management



LITERATUR OZETI

Bu projenin temelini goklu ortam verilerinin “idare edilmesi” olusturmaktadir [1]. Butip
bilgi ycﬁdnluﬁu iceren verileri idare etmenin en temel 'yclﬁrehdekédemedén gégmektédir;
[5,6]. Gokluortam bilgilerinin diinya tizerinde her gegen giin cogalmast bilgiyi verimli bir
sekilde kullanmak igin cok hizli ve insan kullanimi  gerektirmeyen endeksleme
algoritmalarina  duyulan ihtiyact beraberinde getirmektedir. Saklanan gskiuortafn
bilgilerinin erigiminin kolaylastiriimast ve bir esgiidim saglanmasi amacwié son yillarda
yapilan aragtirmalar hizla gogalmis ve ISO/IEC JTC1/SC29/WG11 MPEG tarafindan bir
standardizasyona gidilmesi 6ngi5ri}imﬁ§t€:r [2,3.4]. Bu calismalar yillardir stiregelen
gorinta analizi aragtirmalarinin insanlik icin bir oriine déndigu bir alan clmak;ad;r 41
Teme! tamimlayict bilgilerin (sekil, renk, hareket, yazi, yuz [7], v.b) {2} ve bu temel
bilgilerin bir araya getirimesiyle elde edilen anlamsal st seviye bilgilerin [3,8,9] bir
standard cevresinde toparlanmastyla gorsel biiginin paylasimt ve taramaéa
kolaylagacakhir. MPEG-7 standardinin bni]milzdeki glnlerde gﬁrfsei;biiginin'kmiamm;

konusunda ok belirleyici bir almasi beklenmektedir. Bu kapsamda grubumuz gegmiste -

ilgili standarda gesitli katkilari olmustur [8-20].

Ayni zamanda Internet’in basarisi ile birlikte, kablosuz iletisim ve erisimin hizli gelisimi,
mobil/kablosuz goklu ortam uygulamalan ve servislerinde yeni bir cag bagtatmsgstir.
internet, kablosuz ve ¢oklu ortamin birlesmesi, arastirmada ve gelistirmede, coklu ortam '
iceriginin Internet ve mobil kablosuz diinyalar arasinda rahatca taginabilmesini saglayan
yeni bir paradigma yaratti. Kablosuz aglardaki bant genisliginin artmast ile birlikte, mobil
gorsel telefonlar, kigisel sayisal ‘asistanlar ve video akis gibi yeni erisim yetahekieri

insanlanin gunlik yasamiarini etkilemektedir. Bu tur mobil ag u,yguiama!ari, internet
icerigine her an, her yerden, her turli cihaz ile gelismis erigim yetenekieri saglamaktadir.
Ancak, bitinlesen teknolojiler tek bagina ve koordineli olmayan cabalarin sonuclardir.
Tasarim gerekleri ve kriterleri, digerlerininkilere uymamaktadir. Béylece, farkli tip aglan
baglarken, gogu zaman oldukca fazla miktarda is yapiimasi gerekmektedir. Ornegin,
internet glivenilir baglanti merkezli aktarma mekanizmalari saglayan TCP/IP protokoll
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tabanhdir. TCP kullanan uygulamalar, dunya genelindeki internet agmin degisken bant

genislik kapasitesinden etkilenmemektedir.

Ote yandan, goklu ortam iceriginin iletilmesi iki nokta arasindaki baglantinin kapasitesine
ve kalitesine oldukga bagimhdir. Bu yiizden, goklu ortam verisini TCP kullanarak internet
iizerinden tagimak zordur [21]. Bu problemi adresleyen bir takim gozamler vardir [22].
Kablosuz/mobil aglar sahneye ¢iktiginda, guraltalt kanallarin dogas! geredi baska
problemler ortaya gtkmaktadir [24]. Problemler temel olarak iki kategoriye ayriir:
kodlama teknikleri ve aktarma mekanizmalari. Bazilari, ¢ok yollu sonme, golgeleme,

semboller arast girigim, ve guriitadar. Kablosuz/mobil aglann bahsedilen problemlerine

gok sayida ¢ozim snerilmektedir [25][26]{27].

Ayni zamanda, bilgisayar mimarisindeki gelismeler, goruntu cihazlari, glic kaynaklari ve
silikon teknolojisi yeni bir boyut agmistir [28]. Hesaplama cihazlan artik cep
buyiklugindedir [29](30]. Bu cihazlar internet baglantisi olmadan dustnilemezler. Su
ginlerde, GSM ve wi-fi veya GSM, kizilotesi ve Bluetooth gibi birden ¢ok ag erigimine
sahip olan cihazlar bile mevcuttur. Bu cihazlarin goklu ortam yetenekleri masaustl
bilgisayarlarinkilerle kiyaslanabilecek glice erigmistir. Coklu ortam ag servisleri artik
kiigiik cihazlarin ulagabilecegi mesafededir.Mobile cihaz pazari ve kablosuz/mobil
aglann hizh geligimi, bizleri goklu ortam ag servislerini mobil dinyaya tagimayl
disinmeye zorlamaktadir. Gogulortam verisinin saklanmasi ve iletimindeki geligmeler
peraberinde glvenlik sorununu getirmektedir. Bu amagla son yillarda say:sal
damgalama Uzerine yogun caligmalar yapiimaktadir. Bu pekgok sayidaki algoritma
arasinda bazilar dayaniklilik, gorinmezlik, islem maliyet gibi temel isaretleme
gereklilikleri agisindan daha ustiin performans sergilemektedirler [3}-36].

Bu proje kapsaminda yukarida belirtilen ¢ogulortam verisinin iglenmesi, endekslenmesi,
iletimi ve de damgalanmas! konusunda aragtirmalar yapilmistir. Yapilan caligmalara

gecmeden 6nce bu konularla ilgili genel bir 6zet verilecektir.



Parametrik Hareket Tanimlayicisi: Herhangi bir parmetrik hareket modeline

goretamimiama yapar. Bu modeller yer degistirme, dongisel, affine, perspektif ve

karesel modellerdir.
GCogulortam verisinin iletimi

Sayisal video iletimi, video konferans, uzaktan egitim ve 1smarlama video gibi var olan
ve gelismekte olan pek ¢ok Internet uygulamasinin onemli bir bilesenidir. Video
verilerinin Internet tizerinden iletmek igin yilkleme ya da akislandirma yéntémlerinden biri
kullanilabilir. Yikleme ydntemiyle, kullanici tim videoyu kendi diskine ylkledikten sonra
oynatima geger. Akislandirma yéntemiyle video génderimi ve oynatimi paréiei olarak
gerceklestirilir. Akislandirma yontemi, yilkleme yonteminde yasanan ixzun sireli
bekleme ve yiiksek kapasiteli disk kullanimi gereksinimlerini ortadan kaldirdigi icin daha
uygun bir yéntemdir [46]. Akiglandirma yontemi, dogasi geregi gercek zamanl iletisim

, gerektnrdtgs icin internet Uizerinden iletimde bazi probiemleﬁe kar§;la§ thr. Bu prcbiemlerm‘ .

kaynaklari a§agldak1 gibl stralanabiliir.
Bant genisligi: Video verileri, diger veri turlerine oranla cok daha yiksek bant

genisligine ihtiyag duyarlar.
Gecikme: Surekli ve senkron video akist icin, ugtan uca gecikme deger erinin beil
bir tist sinir asmamasi gerekmektedir. '
Kayiplar: Tekrar génderme mimkin olmadig) durumlarda kayip paketler, Video 7

kalitesinin bozulmasina yol agar.

Sonug olarak IP yonlendmcziermm yetersz baglanti bant gem$ 1klen ve paket :g eme
hizlarinin bir sonucu olarak olugsan ag sikisikl @ bu tar uygulama ar icin ciddi bir scrun'
teskil etmektedir. Ag sikigikligina bagl olarak gecikmeye ugrayan ve kaybolan paketler
alicida ¢ozilen video nun kalitesini belirgin sekilde azaltmaktadir. Bununia birlikte,
cokluortamli uygulamalarda tercih edilen tagxma katmani protokolii olan UDP de (User
Datagram Protocol/Kullanici Datagram Protokolil) herhangi bir Sikl§ikiik denetim
mekanizmas! bulunmamaktadir. Bu soruna bir ¢oziim olarak, ¢ézllen video kalitesin
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Gogulortam verisinin islenmesi ve endekslenmesi

Bilgisayar yazilim ve donanimindaki son geligmeler elektronik bilginin daha kolay bir
sekilde retilmesi, iglenmesi ve saklanmasint saglamistir. Elektronik bilgi basta sadece
yazilt metinden ibaretken, giderek artan bir oranda grafik, imge, animasyon, video, ses
ve diger ¢odul ortam verileri de bu kapsama dahil olmaktadir. Bu verilerin éo@una , hizh
agtar, arama makineleri ve gdzatma araglari vasitasiyla WEB (zerinden
erisilebilmektedir. Fakat verilere ulagma amagh yapilan sorgularin gogu istenilen
verilerden daha ¢ok ilgisiz verileri listelemektedir. Cogul ortam verilerinde durum daha
kétudir. Geleneksel gogul ortam erisim yontemleri arama yapan kisinin verdigi anahtar
sézciklere dayanmast nedeniyle, verimlilikten uzaktir. Bu sebebten dolay: sayisal
gorantilerin igerik tabanli erigimi veritaban yonetiminde aktif bir araghrmarkonusudur

[37-43].

Cogulortam veritabanlarina veri kaydetme ve geri elde etme igin izlenecek belirli
basamaklar vardir. llk agamada dretilen veri analiz edilerek gerekli 6znitelik bilgileri
cikarilir. Bu bilgiler dizinlenerek veri tabanina kaydedilir. Her hangi bir kullanici da bu
sistemde bulmak istedigi seyi tanimlayan veya benzeyen srnek bir veri ile sistemden
sorgular. Bu sistemdeki kilit noktalardan birisi bu verinin analizi sonucu ortaya gtkacak
6znitelik bilgilerinin ne olacagidir. Bu sorunun ¢bzulmesi ve yaygn bir sekilde
kullaniimast igin bir standart gereklidir. Dizinlenecek verinin sadece metinsel tabanh
oldugu kabul edilirse, 0 zaman metinsel verideki keiimeter o dile ait olan sézluklerde
bulunabilir. Ayni sekilde; metinsel verideki ctimleler de o dilin gramer kurallan igersinde
tarmmbi olduguna gore metin tabanli arama kurallari konabilir. Eger \}eri bir resim veya bir
film ise nasil bir gramer kuralina veya nasil bir sdzluge sahip olunacag: sorusu ortaya
¢ikmaktadir. Gogul ortam veri iceriginin otomatik bir yol bulunarak dizinlenmesi amaci ile
MPEG-7 standarti olusturulmustur ve hala da geligtirimeye devam edilmektedir [44,45]
MPEG-7'de gesitli arag tipleri bulunmaktadir. Bunlar:




Tanimlayicar (D): Tanimlayict bir veriye ait olan herhangi bir &znitelik bilgisini kendi

tizerinde saklayan ve gosteren bir elemandir. Ornek olarak bir videoda yer alan

gerceveler arasindaki renk degisim dagihimi gosterilebilir.
Tanimlama Semalari (DS) : Hem tanimlayicilar ve hem. de tanimlama §emaiarx arasmda -

yer alan iligkileri betimler.
Tanimlama _ Belirleyici _ Dil (DDL):Tanimlayicilarin - ve tanimlama semalarinin

yaratiimasina ve aralarindaki iligkilerin  kurulmasina olanak saglayan dildir. Bu XML

tabanl geligtirilmig bir dildir.
Sistem_Araclari; Tanimlayicilarin depolanmasi, iletimi ve yonetimi ile ilgili gelistiriimis

araglardir.

Asagida gdrsel bilginin yardimi ile elde edilen tanimlayici ve tanimlama semalar

{izerinde daha detayh durulacaktir.

grafikler, resimler ve videolardan olugur. Gorsel

Gorsel tammlayicilar gorsel veri,
tanimlayicilar dért anabaglik altinda siniflandiniimistir [44] Renk tammiay:ct ari, doku

tanimlayicilar, sekil tanimlayicilan ve hareket tanimlayicilan. Ayrnica bunlarin disinda

insan yiizti igin geligtirilmis bir yaz tanimlayicist da yer aimaktadir [44].

Renk Tanimlayicilan: Bu bolimde alti adet renk tanimlayicist kisaca agiklanacakhir.

Renk Uzayi Tanimlayicisi: Renk uzay! secimine olanak tanir. MPEG-7 icerisi inde

RGB, YCbCr, HSV, HMMD ve tek renkli renk uzaylan kullantlr.
Baskin Renk Tanimlayicist: Olasiliksal verilerden faydalanarak baskin olan rengin

belirlenmesine izin verir. |
Olgeklenebilir Renk Tanimiayicis!: HSV renk uzayinin

Déntistima kullanifarak tanimlanir.
Resimlerin Gruplari veya Cercevelerin Gruplari Tanimlayicisi: Olgeklenebilir renk

“tanimlayicisinin grup resimlere ve video gergeve gruplarina uygulanmis halidir.
Renk Yag;s: Tarnimlayicisi. Renk histogramina dayanilarak cikanhr. Amag
cergeve bolgelerdeki renk dagihmiarin tanimlamaktir.

histogramindan Haar




Renk Yerlesim Plani_Tanimlayicis. Bir bélgede veya tim resimdeki renklerin

uzamsal(spatial) yapist ¢ikariimaya caligilir. Temel olarak DCT katsayilarindan elde

edilir.

Doku Tanimlayicilari: Bu bélimde Ug adet doku tanimlayicist kisaca agiklanacaktir.

Tirdes Doku Tammlayicisi. Her bir bolumin ortalama enerjisini ve farkl

frekanslardaki dagihmlarini kullanarak tanimlama yapar.
Doku Tarayan Tammlayici: Insan algilamasina benzer bir durumda calistr.

Dokunun diizginlagi ve yénelimi dikkate alinir.
Kenar Histogram Tanimlayicisi: Her bir resimdeki her bir bélum iginde yer alan

kenarlarin histogrami tutularak doku bilgisi olarak saklanir. Bloklar icin her bir resim 4x4

olarak bél(tlenir.

Sekil Tanimlayicilar: Bu bolimde Ug adet sekil tanimlayicist kisaca agikilanacaktir.
Alan Tabanli_Sekil Tanimlayicisi: lki boyutlu bir nesnenin veya alanin piksel

dagihimitanimlanir. Sekil icersinde bosluklar olabilir.
Cevrit (contour-shape) Tabanli Sekil Tanimlayicisy: Bir nesnenin gevriti Gzerinden

timsekil tanimlanmig olur. Bu nedenle seklin igersinin tam olarak dolu olmasi gerekir.

Uc Boyut Sekil Tanimlayicisi: Uc boyutiu nesnelerin cokgenler yardimi ile

tanimlanmasi yapilir.

Hareket Tammlayicilari: Bu bélimde dért adet hareket tanimlayicisi kisaca

agiklanacaktir.
Hareket Islekligi_Tanimlayicisi: Bir videoda yer alan hareketin hizi, yéna ve

uzamsal sekliile bilgileri tanimlar.
Kamera Hareketi Tamimlayicisi; Kameranin ¢ boyutlu uzaydak| hareketlerini

tanimlar.
Hareket Gezingesi_(trajectory) Tammlayicist: Bir nesnenin belirli bir zaman

icersindeuzaydaki yer degistirme gezingesini tanimlar.
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artirmak ve iyi bir ag vatandas! olmak icin, uygulama seviyesinde sikisgiklik denetimi ve

ag uyarlanabilir kodlama algoritmalari uygulanabilir [47,48].

Sikisikhk denetimi  genel olarak pencere tabanli ve hiz taba'nh algoritmalarca
gerceklestirilir. Hiz tabanli algoritmalar akiglandirma hizini agin sagladigi bant genisligi
olanaklarina uyumlu olarak ayarladikiar icin bu sekilde adlandirilirlar. Sikigiklik denetimi
algotritmalarina ornek olarak Busse-Deffner-Schulzrinne [49], DAA [50], LDA+ [51] ve
TLFC [52] verilebilir. Bu algoritmalardan iki tanesi (Busse-Deffner-Schulzrinne ve DAA)
belli bir oranda paket kaybina izin verirken diger ikisi (LDA+ ve TLFC) sifirdan buytk
paket kaybini ag sikistkigi olarak kabul etmektedir. Bu algoritmalarin hepsi gergek
zamanh video iletimi igin RTP [53] (Real-time Transport Protocol/Gergek Zamanl letim
Protokolil), gdnderilen video paketlerinin durumuyla ilgili geri besleme almak i¢in de
RTCP (53] (Real-time Transport Control Protocol/Gergek Zamanli fletim Denetim
Protokolt) kullanmaktadirlar. Video alicisi gonderilen paketlerle ilgili bazi bilgileri iceren
(paket kayip orani gibi) bir RTCP raporu hazirlayarak video gondericisine gonderir.
Génderici, bu rapordaki bilgilere dayanarak agin sikisiklik = durumunu belirleyip
gonderilen video nun bit hizint buna uygun sekilde artinr veya azaltir. ki RTCP alict
raporu arasindaki siire en az bes saniye oldugu icin bu algoritmalar ag sartlarina anhk
olarak uyum saglamayi hedeflememektedirler. Bunun yerine ag sartlarina ortalama

olarak bir uyum saglamaya caligmaktadirlar.

Video kalitesini arttirmak igin daha once bahsedildigi gibi diger bir ¢6zim de ag
kosulundaki degisimlere uyum saglayan ve en iyi ugtan uca iletim performansini
sa@layan ag uyarlanabilir video iletim yéntemleridir. Yilksek gecikmeye sahip kanallarda
genelde 6nceden hata duzeltimi (FEC) ve gogul tanimii (MD) kodlama kullaniimaktadir.
Fakat bahsedilen kodlamalardaki artiklik(redundancy) yiiziinden hiz-bozunum
performansinda kayip olugmaktadir, bu sebeple daha yiksek performans saglanabilen
akilli otomatik tekrarlama istegi (ARQ) algoritmalarina ilgi artmaktadir. Zakhor [54]'de
paketlerin son(deadline)'larina gore heuristic tabanli bir onceliklendirme algoritmasi
onermistir. Buna karsin [55]de Chou hiz-bozunuma gére en iyi (RaDiO) gdnderim

yoénteminin hesaplanmasini gostermistir. Bu algoritma ile hiz-bozunum, kanal istatistigi,

213 -



paket sonu ve iletim gegmisi bilgilerini kullanarak hesaplanan bir Lagrange maliyet (cost)
fonksiyonununu enkigilten paket iletim politikalan bulunmustur. Oldukca popller olan
RaDiO iletimi fikri [56]'da yol degiskenligi (path diversity) senaryosuna, [57]’de ise artan
artiklik (IR) olarak da bilinen bir hibrid FEC/ARQ'i}etimi', senaryosuna “uyarianmxg.tir,
RaDiO iletim algoritmasinin performanst sistemin gézfenebiﬁr!iéine baghdir ve bu bilgi
alindi (ACK) mesajlan ile saglanmaktadir. Son olarak ise [58]'de gonderen tarafinda,
alicinin durumu bir olasiik dagilimina gére tahmin edilip, en iyi politikalar POMDP

modeli kullanarak hesaplanmigtir.

Damgalama

Sayisal damgalama ses, imge, ve video gibi sayisal bilgilerin icerisine gorselfisitsel
olarak algilanmayacak, silinmeyecek, degistirimeyecek sekilde sahiplik haklarini temsil
eden sayisal bilginin yerlestiriimesidir. Saysal damganin amag;}an;arasmda ses, imge ve
video gibi sayisal Griinlerin dreticilerini belirlemek, kopyalarini izlemek, ¢ogaltim yetkisini
sinirlamak gibi islemler sayilabilir. Bu zamana kadar sunulan farkli damgalama teknikleri
genis olarak zaman bolgesinde ve frekans bolgesinde sunulan damgalama teknikieri
diye iki grupta toplanabilir [31-36]. Zaman bdlgesinde gerceklestirilen imge damgalama
yéntemlerinde, damgalanacak imge ile damga bilgisinin piksel de@erlerinin degistiriimesi
neticesinde damgalama islemi gergeklestirilir. Ancak zaman bdlgesinde gerceklestirilen
damgalama yéntemleri kolay ve az islem gerektirmesine ragmen, damga bilgisinin
imgenin her tarafina yayiimadigindan damganin yok edilmesi veya ortaya ¢tkariimasi
maksadiyla yapilan saldirilara bu tir ysntemler dayaniksizdir. Bunun yaninda frekans
bélgesinde gergeklestirilen damgalama tekniklerinde damga gehetde dusitk ve orta
frekans katsayilarina yerlestirilir ve degisimler imgeyi kapsar. Bdylece damgayi
cikartmak veya yok etmek igin yapilan saldinlarda frekans bélgesinde gergeklestirilen
damgalama teknikleri zaman bélgesinde gerceklestirilen tekniklere gore daha fazla
dayaniklidir. Bu simiflamanin haricinde siniflandirma genel ve 6zel damgalama seklinde
de yapimaktadir. Bilgi saklamanin ilk dénemlerinde, g6zl kapal algilama (genel
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damgalama) (izerinde, bildiriimis algilamaya (6zel damgalama) kiyasla ¢ok daha az
durulmustur. Bahsedilen ikinci yaklasim, ilk bakista daha kolay gibi géziikse de bilisim
kuramini kullanan bazi son gelismeler [59], g6zu kapali algilamaya olan ilgiyi artirmistir.
Costa'nin inli makalesi [60], bu konuda yeni yaklagimlara yol agmistir. Costa bu
calismasinda, ek bilginin sadece kodlayicida oldugu iletigim sistemi ile kodiayict ve
kodgéziicude birlikte bulundugu sistemin kapasitelerinin ayni oldugunu gostermistir [60].
Bu sayede, ayni kapasiteye sahip 0Ozel ve genel damgalama ydntemlerinin
tasarlanabilecegi gésterilmis olmustur. Enformatik kurami araglarindan ilham alan pek
¢ok genel damgalama algoritmasi da gelistirilmistir [61-64]. Chen [61,62], Nicemleme
Dizin Modilasyonunu (QIM) yaklasgimini bilgi saklamanin genel bir sinifi olarak
sunmustur. QIM bilgiyi 6rtii nesnesinin igine nicemleme kullanarak yerlestirir. Farkl bilgi
icin degisik nicemleyiciler kullanilir. Kodgéziicide, kodlayicidaki QIM yapisi kullanilarak
saklanan bilgiler ¢ikartlir ve bu noktada 6zgun sinyale gerek yoktur. Bunun diginda
nicemleme kullanan daha farkl yéntemler de ©&nerilmistir [63,64]. Biraz farkli bir
yaklagimla, kaynak kodlama ile kanal kodlama arasindaki benzerligi gézlemleyen Chou

[65], nicemlemeyi kafes kodlamali modiilasyondan sonra kullanmistir.
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YAPILAN CALISMALAR

Bu proje kapsaminda yapilan galismalar bu bélumde 6zet olarak verilecektir. Daha
detayll aciklamalar ise ekde verilen yayinlarda bulunabilir. Sadece tez olarak

sonuglanan ¢aligmalar igin ise daha agiklayici bilgi ve sonuglar verilmistir.

Bilgi Saklama

Bu konu kapsaminda varolan tekniklerin kiyaslanmasi yapiimis ve de yeni algoritmalar
snerilmistir. Oncelikle hem uzamsal hem de frekans bdlgelerinde yapilan gesitli
damgalama algoritmalarin kargilagtinidi§i ve de stirmark'da bulunan tim saldin ve
bozulmalara karsi testlerin gergeklendigi bir calisma yapilmistir [66]. Daha sonra bu
calisma uzamsal ve frekans bélgelerini birlestiren kesirli Fourier déniigim kullanilarak
damganin imgeye gémiilmesi yoninde bir ilerletilmistir. Imgenin geometrik saldirilara
karst dayaniklilik kazanmasi igin damgali imgeye Fourier dc’jhﬁsﬂm uzayinda, yine
farkediimeyen bir sablon eklenmistir. Sablon &ziinde bilgi barindirmaz ama imge Gzerine
uygulanan geometrik saldirilarin belirlenmesinde kullanihr. Imgeye goémuli sablonun
bulunmasiyla uygulanan geometrik donisim hesaplanabilir ve bu dénigim tersine
alinarak damganin ¢ozilebiimesi saglanir. Ayrica degisik dénisim  uzaylarinin
kullanildigi damgalama algoritmalarimin performanst da incelenmistir. Bu algoritmalar
damga gémmek igin ayrik kosinis dénigim uzay, ayrik Fourier dénisim uzay!1 ve ayrik
dalgacik déntisim uzay kullanan algoritmalardir. Kesirli Fourier dénligiml damgalama
algoritmasinin ve bu algoritmalarin performanslarn gesitli saldiniara ve bozunumlara

kars! denenmis ve dayanikhliklari karstlagtinimistir [67].
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Sekil 1: Sikigtirma sonucu damgadaki bozulmalar.
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Sekil 2: Ortalama filtre sonucu damgadaki bozulmalar.
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Sekil 3: Kesme sonucu damgadaki bozulmalar.

Bu galigmalara ek olarak nicemleme tabanli yeni bir bilgi saklama yéntemi dnerilmistir.
Onerilen yoéntem, bilinen nicemleme tabanli teme! yontemlerle kargilastinimigtir.
Birornek ve Gauss kaynaklar kullanilan deneylerde, degisik kanal guralttleri igin
yéntemin bagarimi incelenmistir. Deneyler sonucunda, onerilen yontemin diger
yontemlerden kanal guriltistinin gok oldugu durumlarda daha iyi sonuglar verdigi
gbzlemlenmigtir. Yontem, rasgele kaynaklar diginda imgelere de uygulanmis ve amit

verici sonuglar alinmigtir [68,69].
Bu proje kapsaminda ayni zamanda gérintilye ek olarak videoda da damgalama

konusunda caligmalar gergeklestirdik. Bu caligmalar givenlik acisindan oldugu gibi
kodlama performansini arttiracak baz teknikleri de icermektedir. Veri hizini gok
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arttirmadan DCT katsayilaninda yapilan degisikliklerle ardisik c¢ergeveler hakkinda

bilgilerin birbirlerinin igerisinde saklanmasiyla hata diizeltmesi saglanmigtir [70,71 ,72].

Gogulortam bilgilerinin yonetimi igin otomatik endeksleme metodlari geligtirmek
(WG1)

Bu konudaki calismalarimiz gesitli alt basliklar halinde vurgulanacaktir.

insan vyiizlerine dayali _endeksleme: insan yizlerinden 6znitelik vektorlerinin

¢ikariimast  yoninde galsmalarat kapsamaktadir. GABOR dalgacik donusumi
kullanilarak elde edilen sonuglar umut vericidir [73,74].

Anlamsal cikarimiar: Video bilgisinden (TV, film) ses ve gornti bilgileri kullanarak

konusmalarin oldugu sahnelerin gikariimasi ast seviye bilgi 6zetlemesi igin 6nemlidir. Bu
konuda proje kapsaminda videolarin otomatik olarak endekslenmesiyle ilgili olarak Sakli

Markov Model temelli bir yaklagim (izerine galigiimigtir [75,76]. .

Otomatik siniflandirma: Sabit gorintileri otomatik olarak gérsel siniflara bdlecek

siniflandirici birlestiren 6zgiin bir yontem énerilmigtir [77,78].

Video icin éte veri: MPEG-7 uyumlu olarak hazirlanmig XML tabanl ve iligkisel

veritabanlarinin performans analizlerinin yapildigs bir tez gerceklenmistir [79]. Sekil 4'de

cesitli veri tabanlan igin sorgulama streleri gosterilmektedir.
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Veri sayist

Sekil. 4: Sorgulama sireleri

Yazi bulma Dalgacik donusimu tabanl doku anaim ayrilik tabanit bolatl eme ve renk

uyumu gbz ‘6niinde bulundurularak otomatik yazi bulma konusunda bir araghrma .

yaptimistir [80].

Daginik bir gogulortam bilgi yonetim/idare sistemi mimarisi gergeklestirmek
(WG2)

Degisik egitim uygulamari icin kullanilabilecek XML tabanl verilerin depolanma metotiar,
karstlagtinimis ve yerli XML veritabanlan u;m degisik sorgulama dill ennm (Xpath ve
XQuery) performanslant arasinda klyastama yapilmigtir. Kui§an;lanan depolama,
metotlaninin ve sorgulama dillerinin gelistirimesi hakkinda gesitli g:ahg.maiarm surmesine
karsin esas amag, veritabanlarin performans olghtlerinin anlagiimasi ve yérli XML
veritabanlarinin veri depolama ve sorgulama acisindan getirilerinin belirlenmesidir. Bu
sebeplerden dolayi, ticretsiz bir yerli XML veritabanina belirli miltarda Ogrenme Nesnesi
Yardimet Verilieri (LOM) yiklenmis ve de degisik sorgulama dilleri kunamiarak elde

edilen sonuclar degerlendirilmigtir [81].




Gezgin ve ag tabanh sistemler icin goéuiortam bl!gi ahgvengm: sagiayacak
algontma!ar olusturmak (WG4) , - :

Bu konudaki galismalar 4 ana bag.hk aitmda top anm:sﬂr

Katmanl duraksiz video iletimi: TCP/IP uzerinden katmanli video iletimi icin basit ve

hizh bir hiz ayarlama algoritmasi énerilmis, ns2 kullanilarak sistem performans deneyleri

yapilmistir [82,83].

Sistem tasanmi: Goklu ortam verisine genel erisim saglayan bir sistem
gerceklestiriimistir. Coklu ortam verisine erismek, coklu-ortam igér’@ine her yerdé olan
bilgisayar aglan tzerinden farkl: bilgisayar platformlari kullanarak erismek anlamina
gelmektedir. Bahsedtlen bdg;sayar aglan hem kabi lu hem kabiosuz agian bahsed;i
bilgisayar platformlar kablolu kisisel | bi gisayarian tasmabmr bafgxsayar arn ve ki§l$€l ‘
sayisal asistanlar kapsamaktadir. Sistem istemci/sunucu mimarisi Gzerine kurulmustur.
Gorintu verileri H.263 kodlanmig ve RTP {zerinden tasinmaktadir. Java Media
Framework'ten yararianiimig ve gereken durumlarda dzel eklentiler ile yetenekleri
genigletilmigtir. Gergeklestirilen sistemde, H.263 kodlama icin en uygun parametreler

deneyler yardimi ile hesaplanmigtir [84].

Optimal video uyarlama: Gogulortam verisinin sinirh kaynaklara sahip mobii cmaziara

gonderilirken optimal olarak adapte edﬁeb;imesx irde}enm;§tzr Son kul lamcm:n bir
videoyu izlerken, videonun ona sunum §ek!mden toplam tatmm oima miktari fayda
kuramit kullanilarak parametrik egrilerie modellenmistir. ITU-R BT.500-11 da belirtilen
DSIS metodu kullanilarak elde edilen subjektif test degerleri, yukarda bahsedilen
modellerin test verilerine uymalarini saglamak igin kullanimistir. Kullanici terminalinin '
oze!l;kien (CPU glict ve Ekran boyutlan) sisteme parametre olarak girildikten sonra
globat optimizasyon algoritmalari(SA) kullanilarak kullanici tatmininin maksimum oldugu



video kodlama parametreleri (bit hizi, kare hizi ve piksel cinsinden ¢dzuntrllk) elde
edilmektedir [85,86,87].

Ayni zamanda bu galisma kapsaminda Norveg Trondheim kentinde bulunan, NTNU
Q2S merkeziyle de isbirligi icerisine girilmigtir. NTNU’da geligtirilen, veri igleme
kapasitesi sinirli mobil cihazlardan gogul ortam verisine ulasilabilmesini miimkin kilan
teknoloji altyapisina ODTU EE de geligtirlen ve de gogul ortam verisinin kullanic
tercinleri ve cihaz yeteneklerine gore optimal olarak uyarlanmasini saglayan

algoritmalarin entegre edilmesi yoninde galigmalar yapiimigtir [88].
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SONUGLAR VE DEGERLENDIRME

Bu proje kapsaminda gogulortam verilerinin idaresi, iletimi ve damgalanmasi Y<‘5ni‘mdé"
cesitli caligmalar yapimistir. Bu caligmalarin sonucunda 7 Ms tezi, 14 konferans
makalesi ve de 2 dergi makalaesi gikariimistir. Proje kapsaminda alinan kamera, PC ve
telsiz cihazlar yapilan yayinlardaki deneyler igin ve labaratuarimizda gerceklestirdigimiz

*

diger galisamlar igin verimli olarak kullaniimaktadir.

Ayni zamanda proje kapsaminda doktora &grencimiz Ozgir Onir Norveg Trondheim
kentinde bulunan, NTNU Q2S merkezinde gelitirilmis olan UMATestBed ve MediaBase
sistemlerinin incelenmesi ve de tarafimizdan geligtirilen algoritmalarin sisteme entegre
edilebilirfliginin incelenmesi amaciyla masraflari COST tarafindan karsilanan 1 ayhk bir
STSM (short term scientific mission) gergeklestiriimistir.

Ayrica 7. COST MC toplantisi ve calistayl 4-5 ~,Kaéam tarihlerinde Ankaré'da[ .

dizenlenmistir. Son derece basarili gegen kongreyle ilgili tim harcamalar COST
tarafindan kargilanmigtir. Toplantiya devatli konugmaci olarak Prof. Dr. Fernando
Pereira katilarak MPEG-21 standard: hakkinda bir konusma yapmistir. Bu sunug ayni

zamanda COST web sitesine de konmustur.

COST 276 proje calisanlarn olarak ¢ikariimasi dustntlen kitapda da grubumuz

elemanlar: aktif olarak yer alacaktir.
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ABSTRACT

Information theoretic tools lead to the design and analysis
of new blind data hiding methods. A novel quantization-
based blind method, which uses trellis coded quantization,
is proposed in this manuscript. The redundancy in initial
state selection during trellis coded quantization is
exploited to-hide information as the index of this initial
state. This index is recovered at the receiver by Viterbi
decoding after comparison with all initial states. The
performance of the proposed method is compared against
other ~well-known ~ approaches via simulations . and
promising results are obtained. Based on these results, the
proposed method can be preferred in certain applications
with high distortion attacks.

1. INTRODUCTION

In the early stages of data hiding, mostly informed
detection (private watermarking) has been examined,
compared to blind detection (public watermarking).
Although, the former problem intuitively appears to be
simpler than the latter, some recent developments based
on information theoretic tools [1], caused blind detection
problem to aftract more attention. Costa’s paper [2] is one
of the most remarkable works, which results in the analysis
and design of novel blind detection methods. Costa shows
the equality between the capacity of a communication
system with side information available only to encoder and
that of the system with side information available to both
encoder and decoder [2]. Hence, it is possible to devise
public watermarking systems achieving the same capacity
with private systems.

Inspired by the information theoretic tools, many public
watermarking algorithms are developed and analyzed {3-
6]. Chen etal. [3,4] has introduced Quantization Index
Modulation (QIM), as a generic class of data hiding
methods. QIM embeds data into. cover content -using
quantization. Different quantizers are used for different
watermarks or ‘data; i.e. quantizers are modulated
according to the data. At the decoder, the hidden data is

! This work is partially supported by TUBITAK under
project EEEAG 1G1E007

decoded using the knowledge of the QIM structure
employed at the encoder; hence, the original content is not
required. Other public data hiding ‘method based on
quantization are proposed in [5.6]. In a slightly different
approach, Chou et.al. [7] use quantization after trellis
coded modulation as a consequence of the observation of
the duality between source coding and channel coding
with side information.

In this paper, ‘we propose yet another quantization-
based public data hiding method. The method is mainly
based on Trellis Coded Quantization (T CQ), which is
described briefly in Section 2. The proposed method is
presented in Section 3, as well as two other quantization
based methods. An algorithm that utilizes the proposed
method to embed hidden information into the images is
also described in Section 4. Following the simulations in
Section 5, the concluding remarks are given in Section 6.

2. TRELLIS CODED QUANTIZATION

TCQ [8] can be considered as a special case of trellis
coding. The main ideas behind TCQ are due to trellis
coded modulation (TCM) [9]. TCQ employs a set of
trellises and set partitioning ideas of TCM in order to
achieve = better distortion performance with low
complexity.

TCQ uses a trellis and an associated codebook. A
sample trellis of 4 states is shown in Figure 1, in
accordance with its finite state machine and the codebook.
In this figure, u is the input bit of the finite state machine,
s, So are the states, and o, 0, are the outputs of this
machine. The smooth lines in the trellis correspond to u=0
and the dashed lines correspond to u=1. Each branch of

the trellis is associated with a subset D; of the codebook, -

whose index i is determined by the output of the finite
state machine. In order to design the codebook of TCQ, a
scalar codebook C of size 2% i5 taken. R is the encoding
rate and R represents the number of bits that specify the
particular codeword in the selected subset. For the sample
system in Figure 1, R is 2 bits per sample (bps), whereas R



is equal to I. For an encoding rate of 2 bps, C is twice
larger than the corresponding scalar quantizer. After C is
determined, it is partitioned into 2% subsets, each of
which has 2% codewords.

smoam) ot o
0 5

3
(a)

% 9 8 0,0 8 % G

i}
Fig. 1. A typical 4-state TCQ structure.

In order to quantize an-input sequence s of lengthm, a
trellis of m stages is used. Viterbi algorithm is-used to find
the closest path to s among all possible trellis paths. m(R-
£) bits specify the trellis path and mR bits specify the
codeword in the selected subset. Although initial state
selection is completely arbitrary, this state is- generally
selected as 0, since for long data sequences (m>>logN,
where N is the number of states) the effect of the initial
state on Mean Square Error (MSE) is negligible (8}

3. QUANTIZATION-BASED DATA HIDING

In addition to the proposed method, two other well-known
methods, Dither Modulation (DM) and TCQ-Path
Selection (TCQ-PS), are also briefly described in this
section.

3.1.Proposed Data Hiding Method : TCQ-1S
The proposed method makes use of 'TCQ while
considering the effects of the initial state (IS) on MSE.
Since initial state selection is arbitrary in TCQ, one can
embed information into the content by enforcing the
selection of the initial state, accordingly.

After enforcing the selection of the initial  state
according to the data to be hidden, the closest trellis path

is found using Viterbi algorithm, as in conventional TCQ.

Figure 2 shows a sample embedding process for TCQ-
IS. In this illustrated example, N=4, m=3, R=2, R=1.
Since N is 4, one can hide 2 bits into the m input samples.
Assuming, the data to hide is arbitrarily “selected as
w={0,1}, state 1 is chosen as the initial state, The
corresponding closest path found by the Viterbi algorithm
is shown with thicker branches.

The total number of bits that can be hidden by TCQ-1S
is log,N, which depends only on the number of states in
the trellis. Embedding rate of TCQ-IS is log:N/m bps. For
a given m, one should use trellises with more states in
order to hide more data.

In the decoding stage, all N states are considered as the
candidate initial states. For each candidate initial state
Viterbi algorithm is executed for the received input vector.
The computed MSE values are stored and the initial state
with minimum MSE gives the desired embedded data, as -
the index of the corresponding state. : : :

0 O—

w={(0. 111

Fig. 2. A TCQ-IS sample:

It shotild be noted that the embedding distortion due to
information hiding is mainly determined by the bin widths
of the quantizer (Fig. 1), similar to other methods.

3.2. Dither Modulation (DM)
DM is a member of the QIM family. DM employs a
quantizer set in which the quantization cells and the
reconstruction points are the shifted versions of any other
quantizer in the set [3]. The dither vector d is modulated
with the watermark w. Then, using the corresponding
dither vector for a given w, the embedding function is,
x(s,w)=g(x+d(w))—d(w), :
where g is the selected base quantizer. A uniform
quantizer with step size A is used as the base quantizer.
The dither vectors are —~A/4 and + A/4 for w=0 and w=/,
respectively. The hidden data is decoded by computing the
distance between the reconstruction levels of each
quantizer in the set. The index of the quantizer with the
minimum distance gives the decoded data. According to
the desired embedding rate, input data s can be used
individually or sequentially in conjunction with majority
voting in the decoding stage.
3.3.TCQ-PS
TCQ-PS is based on the TCM-TCQ scheme described in
[5,6). Using the same trellis structure in TCQ-IS, the coset
selection in which the input signal s is to be quantized
reduces to the trellis path determination according to the
data w. Once the path is determined, s is quantized using
the corresponding D;. In that sense, TCQ-PS is also a
member of QIM family. However, in this case, the
quantizers are selected according to a trellis. Figure 3
shows a sample for TCQ-PS. The trellis path is determined
with respect to the data w={0,/,1] starting always from the
initial state 0. The data is quantized using the associated
subsets of the branches in the order dictated by the trellis.
In this scheme, embedding rate is 1 bps. At the decoding
side, Viterbi algorithm is used to quantize the received



signal ‘using the trellis structure. Once the best path is
found, the data is decoded starting from the initial state 0.
w={0.11}

Fig. 3. A TCQ-PS sample.

4. IMAGE DATA HIDING BY TCQ-IS

TCQ-IS described in Section 3.1 is applied to images afier
transform domain conversion: For this purpose, the image
is partitioned’ into blocks and for each block, Discrete
Fourier Transform (DFT) is performed, The coefficients,
for which TCQ-IS will be applied, are selected from the
middle frequency band, as shown in Figure 4. The low
frequency . coefficients. are  not included, since
modifications on: these coefficients will be more visible.
The high frequency band is also not considered, since the
coefficients in this band are expected not to survive
compression, . The magnitudes of ‘the  selected mid-
frequency DFT coefficients are fed into TCQ-IS.
Resulting quantized values are replaced with the originals
and finally, the cover image is obtained.

The decoder uses the same set: of coefficients and
extracts the hidden bits after the Viterbi decoding. Figure
4 shows a typical cover image (gray level Lena of size
512x512) with embedding: distortion (PSNR between
original and cover image) of 4

<

Fig. 4. Coefficient Selection and a typical
example. e

5. SIMULATIONS -

5.1, Effect of the Sequence Length on TCQ-IS

The robustness  performance of TCQ-IS against data
sequence length is shown in Figure 5. The robustness is
measured by the relation between the probabilities: of
erroneous bit decoding versus the watermark-to-noise ratio
(WNR). Figure 5 displays the robustness of TCQ-IS with
different. lengths for Gaussian input source with zero
mean, unit variance against a Gaussian channel noise of

zero mean, 0.5 variance. As apparent from Figure 5,
increasing data  length improves the performance.
However, beyond a limit, the improvement becomes
indistinguishable. The reason for such a performance
should be due to the fundamental problem (i.e. m>>log,N)
for detecting the initial state, as the length increases.

] Length=2 -
— == =length=6
Length=10

0 0.1-8
VAR (dB)

Fig. 5. TCQ-IS for different sequence lengths.

5.2. Comparison between TCQ-1S, DM, and TCO-PS

The robustness performances of the 3 methods described
in Section 3 are examined in terms of WNR and the
probability of error, P(E). The channel noise power is kept
constant, while the watermark power is varied. The
probability of error is computed as the ratio of erroneously
decoded data bits to the number of total data bits. The
final values are computed by averaging the results for 500
random experiments. Two sources are used to embed data:
a uniform source in the range (-1,1) and a Gaussian source

‘with zero mean and unit variance. The TCQ structure in

Figure 1 is utilized for both TCQ-IS and TCQ-PS during
these simulations. The codebook is chosen so that it
covers all input data range for the uniform source. For
Gaussian source, the selected range contains most of the
signal energy. Input data length is selected as 10. In order
to equate the data embedding rate, DM uses 1 sample to
hide .1 bit ‘and TCQ-IS operates on input samples in
lengths of 2. The robustness of the methods is plotted with
respect to various Gaussian channel noises in Figures 6-9

The results indicate that, for all low-noise cases,
TCQ-1S and DM performs similar, which is better than
TCQ-PS. On the other hand, for high noise case, TCO-IS
has the best performance among the three methods.
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Fig.9. Gaussian Source (0,1) and Gaussian (0,2) Channel.

5.2. TCQ-IS for Images

The robustness of TCQ-IS for image data hiding is
computed against JPEG compression attack using different
trellises and codebooks. The block size is taken as 16. The
first 6. coefficients between the circles of radii 3 and 2 are
selected in raster scan. In addition to 4-state trellis shown
in Figure 1, 8-PSK trellises with § and 16 states [9] are
also employed. The results are shown in Figure 10, as the

embedding distortion versus probability of error against -

JPEG-80 compression attack. It is apparent that as the
wretlis structure becomes dense, the robustness increases. It
is also observed that even if the state numbers differ two
PSK schemes behave similarly, since they share the same
codebook.

6. CONCLUSIONS

A novel quantization-based data hiding method is
proposed. The simulation results show that TCQ-IS

method has better performance with respect to other well-
known quantization based data hiding methods for certain
input sources and channel noises, especially when
distortion noise is high. Furthermore, embedding data
using the magnitude of Discrete Fourier Transform
coefficients - of 'natural - images by TCQ-IS is also
implemented and it is observed that dense TCQ structures
yield better results. As a future research optimal structures
for certain attacks should be investigated.
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Fig.10. JPEG-80 Compression Attack Performance.
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! gpstract— The intrusion of informatien theoretic tools into
the data hiding realm lead to the design and analysis of new
blind detection methods. Although an extended analysis has
already been built on different quantization-based data hiding
methods, we propose another quantization-based method, which
uses trellis coded quantization. The performance of the proposed
method - is compared against other well-known methods by
simulations. The promising results show that the proposed
method can be preferred in certain applications.

Index Terms— Data hiding, digital watermarking,
fingerprinting, trellis coded quantization, TCQ, quantization
index modulation, QIM.

1. INTRODUCTION

DATA hiding found new application areas in new digital
world, as significant need for digital watermarking and
fingerprinting has emerged. Although the general framework
of data hiding is much broader than the process of embedding
a related message into the content itself, digital watermarking
constitutes one of the most active research areas in image
processing field, starting from the early 90°s [1] with many
proposed methods for this purpose [2].

In the -early stages, mostly informed detection (private
watermarking) has been worked on, compared to blind
detection. (public watermarking). In the informed detection,
the original content is used to decode the watermark, whereas
this content is not available in blind detection. Although, the
former problem intuitively appears to be simpler than the
latter, -some recent developments based on information
theoretic tools [3], [5], caused blind detection problem to
attract more attention. Costa’s paper [5] is one of the most
remarkable works, which results in the analysis and design of
novel blind detection methods. Costa shows the equality
between the capacity of a communications system with side
information available to only encoder and that of the system
with side information available to both encoder and decoder
{5]. Considering watermarking as a communications problem
with side information as shown Figure 1, where w is the data
or the watermark to be embedded, s is the side information, x
is the signal containing the hidden data or watermark, y is the
signal available at the decoder after the channel utilization, w
is the decoded data or watermark, and finally, applying the
result of Costa, the capacity of the system is given as [5],

This research is partially supported by Scientific and Technical
Research Council of Turkey (TUBITAK) [Project # EEEAG 101E007]
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where P, is the transmitter power constraint and N is the
channel noise (attack) power. As apparent in (1), the capacity
does not depend on the side information, which is the signal
in which data or watermark is embedded. Hence, it is possible
to devise public watermarking systems achieving the. same
capacity with private systems.
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Fig. |. Watermarking as a communications problem.

Inspired by the information theoretic tools, many public
watermarking algorithms are developed and analyzed [6], {7],
[8], [9]. Chen et.al. [6], [7] has introduced Quantization Index
Modulation (QIM), as a generic class of data hiding methods.
QIM embeds data into cover content using quantization.
Different quantizers are used for different watermarks or data;
i.e. quantizers are modulated according to the data. At the
decoder, the hidden data is decoded using the knowledge of
the QIM structure employed at the encoder; hence, the
original content is not required. Chen et al [7] also showed
that QIM structures are optimal under certain conditions.
Another public data hiding method based on quantization is
proposed in [8], [9]. Chou et.al. [10] use quantization after
trellis coded modulation as a consequence of the observation
of the duality between source coding and channel coding with
side information.

In this paper, we propose yet another quantization-based
public data hiding method. The method uses Trellis Coded
Quantization (TCQ), which is described briefly in Section .
The method is presented in Section III. The robustness of the
proposed methods is compared with other well-known
methods through various simulations, which are given in
Section IV. Section V concludes with some remarks.

[I. TRELLIS CODED QUANTIZATION

TCQ [11] can be considered as a special case of trellis
coding. The main ideas behind TCQ are due to trellis coded
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modulation (TCM) [12]. TCQ employs a set of trellises and
set partitioning ideas of TCM in order to achieve better
distortion performance with low complexity.

TCQ uses a trellis and an associated codebook. A sample
trellis of 4 states is shown in Figure 2, in accordance with its
finite state machine and the codebook. In Figure 2, u is the
input bit.of the finite state machine, s, 5o are the states, and
0;, 0, are the outputs of this machine. The smooth lines in the
trellis correspond to #=0 and the dashed lines correspond to
u=1. Each branch of the trellis is associated with a subset D,
of the codebook, whose index i is determined by the output of
the finite state machine. In order to desilg,n the codebook of
TCQ, a scalar codebook C of size 2% is taken. R is the
encoding rate and R represents the number of bits that specify
the particular codeword in the selected subset. For the sample
system in Figure 2, R is two bits per sample (bps) and R is
equal to one. For an encoding rate of 2 bps, C is twice larger
than the corresponding scalar quantizer. After C is
determined, it is partitioned into 2°* subsets, each of which
has 2% codewords.

U—L 3, 5,

State(s 8,)
[+]

(@)

o, D, b, D, O, O D D

©
Fig. 2. TCQ structure

In order to quantize an input sequence s of length m, a
trellis of m stages is used. Viterbi algorithm [16] is used to
find the closest path to s among all possible trellis paths. m(R-
R) bits specify the trellis path and mR bits specify the
codeword in the selected subset. Initial state is generally taken
as 0, since for long data sequences (m>>log,N, where N is
the number of states) the effect of the initial state on Mean
Square Error (MSE) is negligible [13].

Apart from the described fixed rate TCQ, other versions of
TCQ can also be found [14], [15].

L. TCQ-Is

The proposed method makes use of TCQ for hiding data.
The main observation behind the proposed method is the
effect of the initial state on MSE. One can embed some
information into the content by enforcing the selection of the
initial state, accordingly. Since the data is hidden into the
initial state (IS), the proposed method is denoted as Trellis
Coded Quantization-Initial State (TCQ-IS).

After enforcing the selection of the initial state according to
the data to be hidden, the closest trellis path is found using
Viterbi algorithm, as in conventional TCQ.

Figure 3 shows a sample embedding process for TCQ-IS.
In this illustrated example, N=4, m=3, R=2, R=1. Since N is

4 one can hide 2 bits in the m input samples. Assuming, the
data vector is selected as w={0,1}, the second state is chosen
as the initial state. The corresponding closest path found by
Viterbi algorithm is shown with thicker branches.

o]

W={1,0}mmmp 2

Fig. 3. TCQ-IS sample

The total number of bits that can be hidden by TCQ-IS is
log:N, which depends only on the number of states in the
trellis. Embedding rate of TCQ-IS is /og,N/m bps. For a given
m, one should use trellises with more states in order to hide
more data.

In the decoding stage, all of the N states are considered as
the candidate initial states. For each candidate initial state
Viterbi algorithm is executed for the received input vector y.
The computed MSE values are stored and the initial state with
minimum MSE gives the desired embedded data, as the index
of the corresponding state.

The robustness. performance of the input data sequence
against its length is shown in Figure 4. The robustness is
measured by the relation between the probabilities of
erroneous decoding versus the embedding distortion (signal to
distortion ratio, SDR). Figure 4 displays the robustness of
TCQ-IS with different lengths for Gaussian input source with
zero mean, unit variance against a Gaussian channel noise of
zero mean, 0.5 variance. As apparent from Figure: 4,
increasing data length improves the performance. However,
beyond a limit the difference becomes indistinguishable.
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ig. 4. Robustness of TCQ-IS for different lengths.

IV. SIMULATIONS

The robustness of TCQ-IS, for different input data sources
and channel noises, is compared with two other quantization-
based data hiding methods, namely Dither Modulation (DM)
[6] and TCQ Path Selection (TCQ-PS) [8], [9].

l
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The performances of all these methods are compared by
using the relation between the embedding distortion (SDR),
which is caused during the data embedding process, and the
probability of error, P(E), at the decoder. The embedding
distortion is measured as the ratio of the input signal power to
the embedding distortion power in logarithmic scale. The
probability of error is computed as the ratio of erroneously
decoded data bits to the number of total data bits. The final
values are computed by averaging the results for 500 random
experiments. Two input sources are used to embed data:
uniform in the range (-1,1) and Gaussian with zero mean and
unit variance. The input source powers are kept constant
while the channel noise power is varied in order to see the
performance of the methods with respect to different channel
characteristics.

The TCQ structure in Figure 2 is utilized for TCQ-IS and
TCQ-PS during all of the simulations. The codebook is
chosen so that it covers all input data range for uniform
source. For Gaussian source, the selected range contains
most of the signal energy.

Due to the requirement for embedding rate equality, the
simulations are performed in two parts. First, TCQ-IS and
DM are compared with each other. Then, all of the three
methods are compared with proper input data sequence length
adjustment. Before proceeding to simulations the methods
used for comparison are described briefly in the following
subsections.

A. Dither Modulation (DM)

DM is a member of the QIM family. DM employs a
quantizer set in which the quantization cells and the
reconstruction points are the shifted versions of any other
quantizer in the set [6]. The dither vector d is modulated with
the watermark w. Then, using the corresponding dither vector
for a given w, the embedding function is,

x(s,w)=g(x+d(w))=d(w) , @

where q is the selected base quantizer. Figure 5 shows a
sample DM structure. A uniform quantizer with step size A is
used as the base quantizer. The dither vectors are -A/4 and +
A4 for w=0 and w=1, respectively. The hidden data is
decoded by computing the distance between the
reconstruction levels of each quantizer in the set. The index of
the quantizer with the minimum distance gives the decoded
data. According to the desired embedding rate, input data s
can be used individually or sequentially in conjunction with
majority voting in the decoding stage.

B. TCQ-PS

TCQ-PS is based on the TCM-TCQ scheme described in
[8], [9]. Using the same trellis structure in TCQ-IS, the coset
selection in which the input signal s is to be quantized [8], [9]
reduces fo the trellis path determination according to the data
w. Once the path is determined s is quantized using the
corresponding D;. In that sense, TCQ-PS is also a member of

Fig. 5. A sample Dither Modulation structure.

QIM family. However, in this case, the quantizers are selected
according to the trellis. Figure 5 shows a sample for TCQ-PS.
The trellis path is determined with respect to the data
w={1,0,1} starting from initial state 0. The data is quantized
using the associated subsets of the branches in the order
dictated by the trellis. In this scheme, embedding rate is 1
bps. At the decoding side, Viterbi algorithm is used to
quantize the received signal y using the given trellis structure.
Once the best path is found, the data is decoded starting from
the initial state 0.

w;{1 0,1}

Fig. 6. A TCQ-PS sample.

C. TCQ-ISvs. DM

a.  Uniform Source

In these simulations, input data length is selected as 10.
Since the structure for TCQ-IS dictates an embedding rate of
2/10, 1 bit is hidden into every 5 input samples for DM.
Majority voting is used during decoding. Figures 7, 8, and 9
shows the performance of the methods for Gaussian channel
noises with standard deviations 0.5, 1, and 2, respectively.
For all cases TCQ-IS has a better performance, that is, fora
given embedding distortion the probability of error of TCQ-
IS has smaller values or for a given probability of error, the
required distortion is smaller. Furthermore, the plots also
indicate that the performance for TCQ-IS improves, as the
channel noise power increases.
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b. Gaussian Source

The same experiments in (a) are repeated for Gaussian
inputs. Figures 10, 11, and 12 show the same results for
Gaussian channel noises with standard deviations 0.5, 1, and
2, respectively. For low channel noise powers, the two
methods have similar performances. As the channel noise
power increases, the performance of TCQ-IS gets better.
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Fig. 10. TCQ-IS vs. DM for Gaussiaa source: channel noise G(0,0.5)
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Fig.12. TCQ-IS vs. DM for Gaussian source: channel noise G(0,2)

D. Overall Compari.éOn for the methods

The same experiments in (C) are conducted with the
exception that, TCQ-IS operates on input samples in lengths
of 2, in order to attain the same embedding rate 10/10 bps for
TCQ-PS. In this case, DM uses 1 sample to hide 1 bit.

a.  Uniform Source
The results for Gaussian channel noises with standard

deviations 0.5 and 1 are shown in: Figures 13 and 14,
respectively. For low noise case, TCQ-IS and DM have
similar performances, which are still better than TCQ-PS. For
high noise case, the performance of TCQ-IS is superior to all
other methods.
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Fig. 14. Uniform source under hannel noise G(0,1)

b.  Gaussian Source

Figures 15 and 16 show the results for Gaussian channel
noises with standard deviations 0.5 and 1. TCQ-IS and DM
have similar performances in both cases. For high noise case,
the superiority of TCQ-IS and DM over TCQ-PS becomes
indistinguishable.
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Fig. 15. Gaussian source under channel noise G(0,0.5)

V. CONCLUSION

The simulation results show that proposed TCQ-IS method
has superior performance with respect to other well-known
quantization based data hiding methods for certain input
sources and channel noises, especially when the distortion
noise is high. Hence, one can state that TCQ-IS can be used
in the applications, where such conditions are met.

Embedding data into the magnitude of discrete Fourier
coefficients of natural images can be a candidate typical
approach. The effect of using higher number of states and
codebook design, which makes use of the source entropy,
should be investigated in such an approach, as a further
research.
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Fig. 16. Gaussian source under chanrnel noise G(0,1)
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ABSTRACT

A complete error resilient video transmission codec is presented,
utilizing imperceptible embedded information for combined
detecting, resynchronization and reconstruction of the errors and
lost data. Utilization of data hiding for this problem provides a
reserve information on video at the receiver while unchanging
the transmitted bit-stream syntax; hence, improves the
reconstruction video quality without significant extra channel
utilization. A spatial domain error recovery technique, which
hides edge orientation information of a block, and a
resynchronization technique, which embeds bit-length of a block
into other blocks are combined, as well as some parity
information about the hidden data, to conceal channel errors on
intra-coded frames of a video sequence. The inter-coded frames
are recovered by hiding motion vector information into the next
frames. The simulation results show that the proposed approach
performs superior to conventional approaches for concealing the
errors in binary symmetric channels, especially for higher bit-
rates and ervor-rates.

1. INTRODUCTION

Transmission of video signals over noisy wireless channels may
cause inevitable errors that might severely degrade the visual
message. Error concealment techniques can be classified into 3
major groups with the following properties [1]: an interaction
between the encoder and decoder, as a re-send signal, or post-
processing operations at the decoder to recover lost information,
or leaving some extra redundancy at the encoder to minimize the
reconstruction error,

All these approaches can be combined by hiding some
imperceptible information to be useful during error concealment.
In this way, hidden information is not only transmitted through a
(secret) channel from encoder to decoder, “sending back” some
lost information, but also. alleviates some burden on post-
processing. Moreover, the extra hidden information and its small
visual loss might be equivalent decreasing the source bit-rate for
obtaining the same visual quality and utilizing error control
codes as a result of the bit savings at the encoder.

This radical approach in video error concealment is a result
of steganography, a new technique for making imperceptible
modifications on the media, mostly utilized for copyright
protection and other security-based applications {2,3]. Recently,
erro'r resilient video transmission has become a new application
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area for data hiding, as some novel concealment methods are
proposed [4-10]. These methods are examined in the next
section.

It should be emphasized that the hidden information can be
transmitted with a very small bit-rate overhead in the bit-stream.
The standard receivers unaware of such hidden information will
be unaffected and decode the bit-stream, successfully (i.e.
backward compatibility between the bit-streams and
conventional decoders). Obviously, the price, one pays for this
additional gain, is an increasing complexity at the decoders and a
small loss in visual quality.

The main motivation of this research is to demonstrate the
advantages of data hiding over conventional methods in error
concealment problem for video transmission.. None of the
previous approaches has proposed a complete video codec with
detection, synchronization and = recovery  {reconstruction)
capabilities together based on data hiding and tested under noisy
channel conditions. In our simulation results; the performance
comparisons are given for a number of sequences under various
channel conditions at different bit-rates.

2. ERROR CONCEALMENT USING DATA HIDING

All state-of-the-art standard-based video codecs are block-based,
consisting of intra- and inter-coded frames. In these systems, the
conventional approaches conceal errors by either reconstructing
the lost block with the smoothness property of the intensities in
an intra-coded frame, or estimating a lost motion vector from
block motion vectors of its spatio-temporal neighbors to
compensate for the lost block in an inter-coded frame [ 1] Except
for the damage of any header information in the bit-stream. the
bit-errors usually destroy the data only in a single block or
sometimes in all ‘the blocks within the rest of the row of
macroblocks (slice). In case of such synchronization loses, the
reversible variable-length coding can be the only solution with
limited capabilities in'some recent standards (e.g. MPEG-4),

The error concealment “methods utilizing data hiding
technology can be broadly classified into 3 approaches: detection
of errors [4,5], resynchronization after detected errors [6] and
reconstruction of the intensities for the lost blocks {7-101.

Error detection schemes based on data hiding either hide the
parity check codes of the macroblocks [4] or modify DCT
coefficients according to their frequency location [5]. In [4], the
LSB of the sum all non-zero DCT -coefficients is hidden to the
next frame as a parity to detect errors. As: a different approach,
the value of a DCT coefficient is forced to becore even (or
0dd), according to its DCT frequency, indexed in zigzag order

[5].



The synchronization loss within a slice can be recovered by
hiding the bit-length value of each macroblock (in binary form)
into another slice [6]. Hence, if the video codec is able to detect
an efror-in a slice, the recovered macroblock lengths are utilized
to decode the bit-stream block-by-block in a reverse order from
the end-of slice. In this approach {6], the detection performance
is limited with video codec capabilities.

Finally, methods for the reconstruction of intensities should
be examined for intra- and inter-coded frames, separately. In
case -of still images (intra-coded frames), finding a “good
summary” for the intensity information of the lost block is the
critical point. Block intensity information is approximated by
using either edge-direction information [7] or a low-quality
coded (high' compression) version (8] It is shown that
interpolation of lost intensities along a major edge gives much
superior results: against well-known bilinear interpolation
approach at the decoder [11]. Instead of trying to find the edge
direction ‘of a lost block from its neighbors in a suboptimal
manner -at - the decoder, hiding the quantized direction
information into another block at the encoder is preferred [7].

For inter-frame error concealment, motion vector of a block
is obviously the most valuable information. Instead of trying to
estimate the lost motion vectors (MVs) by replacing them with
the average/median of the MVs from spatial/temporal adjacent
blocks, ‘as ‘in conventional - approaches [1], motion vector
information is simply hidden into other blocks/frames [9,10]. In
order to.minimize the number of bits to hide, the modula-2
addition of the motion vector bit-streams for all slices in one
frame [9] or consecutive frames [10] is hidden into motion
vectors [9] or DCT coefficients {10} of the next frame.

All'the attractive properties of error coricealment using data
hiding ¢an be merged to obtain a system that is capable of jointly
detecting, resynchronizing and recovering errors in video
sequences. A novel method to enhance error resilience properties
of a ITU H.263+ codec using hidden information is explained in
the next section.

3. PROPOSED METHOD

In the proposed method, the data is always embedded into the
frames by even-odd signaling [2] of the DCT coefficients. This
approach gives maximum capacity with minimum robustness,
which is acceptable for our application.

In ‘order to achieve successful error concealment, the exact
location of the error, i.e. damaged block, should be detected as a
first step. After detecting the damaged block, synchronization
must be established back in order to prevent the propagation of
the error to.the other blocks. The final step is the reconstruction
of the .intensities for the damaged- block to :finalize error
concealment. Therefore, the. three main issues for successful
error. -concealment are. error- detection,. resynchronization and
reconstruction (recovery).of the damaged block.

3.1, Intra-coded frame Concealment

Following the previous approaches {4-10], both edge- direction
information. {7} and macroblock bit-length values [6] are
necessary.to solve all three problems. While bit-length value (8-
13 bits, determined according to the bit-rate) is hidden to a
previous. block for resynchronization, quantized edge-direction
information (4 bits) is embedded into the upper block to be used
in case of damage (Fig.1). Prior to embedding edge orientation,

the block is tested for being classified as an edge block by
computing the gradient magnitude and this single bit is also
stored to select bilinear interpolation for smooth block recovery.
During decoding, the system is not allowed to decode bits more
than the number that is dictated by the hiddeny value in the
previous block. Finally, edge-direction and bit-length values are
crosschecked to-detect bit-errors (Fig.1).

3.1.1. Errors damaging the hidden data with no visual effect
Although, the hidden bits are enough to detect an error as an
inconsistency between a block and its hidden data, they do not
determine the errors, which do not change the visual information
(i.e. edge direction of the block). Such errors are very likely to
corrupt the hidden information in thé block. This problem for
error detection by using hidden information is mostly neglected
in the previous methods. Hence, in case of an inconsistency
between block and the hidden data, a single-bit parity of the
macroblock bit-stream is embedded to verify the reliability of the
hidden data (Fig.1).

3.1.2. Overconcealment
Afier successful error detection, another important problem is to
“measure” the visual damage at a block before recovery, since it
is possible to have a very small visual error in the block,
undetected by the codec itself, but “successfilly” detected by the
proposed system. In such a case, the edge-direction based
recovery technique tries to reconstruct the block, which has
originally negligible visual degradation, while discarding all the
available information. Obviously, the reconstruction quality
usualfy turns out to be inferior compared to the erroneous block.

We denote this situation as overconcealment and it is
avoided by hiding modula-2 sum of 2-bit MSBs of the current
block coefficients, as a visual loss parity. It is assumed that in
case of visually unacceptable errors, 2-bit MSBs are changed
and this change can be detected by 2-bit parity’ information
hidden into the previous block (Fig.1). Note that the whole idea
is not to conceal, if there is not sufficient visual loss.
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Figure 1. Hiding data for error concealment for intra-frames

3.2, Inter-coded frame Concealment
The motion vector of each block is strictly necessary during
inter-frame recovery and obviously, this data should be hidden
into other blocks.



Following [9,10], in the proposed approach, bit-stream of the
differential Huffinan coded MVs of each row, as well as their
bit-length, are embedded into the motion compensated residual
DCT coefficients of the corresponding row in the next frame
(see Fig.2). Obviously, if there are errors in the same rows of the
successive frames, then the hidden information is not useful
anymore.

3.2.1. Measuring visual loss and Locating error
Compared to intra-coded frame case, similar problems still exist
for the inter-coded frames. In this case, a problem analogous to
overconcealment also exists and one should decide whether to
add motion compensated residual error on motion-based
prediction. If a visually significant error is detected in the motion
compensated error bit-stream, then the decoded coefficients are
not ‘used to reconstruct the current block. Visual significance of
the erroris again tested by 2-bit MSBs of the DCT coefficients.

On the other hand, in order to find the location of error, all
the hidden data is protected by a checksum (S bit). This gives the
opportunity to comprehend the reliability of hidden data (Fig.2).
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Figure 2. Hiding data for error concealment in inter-frames
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3.3. The Proposed Algorithm
An overview block diagram of the algorithm is given in Fig.3 (a)
and (b) for intra- and inter-coded frames, respectively. In both
versions, there are consecutive error detection stages. The
internal error detection mechanism of H.263+ is used as default
in both inter-and intra-coded versions, For the errors invisible to
codec, the major detection test for intra-coded frames is
synchronization and parity check, whereas the interscoded
version controls the checksum information. In addition, the intra-
coded case checks overconcealment before any reconstruction.
Apart from this overview in Fig. 3, there are also. some
implementation details about the proposed algorithm, such as
checking continuously the reliability of the hidden data or using
edge information to check errors, if the -hidden data for
synchronization is not available.

4. SIMULATIONS

During experiments, a Binary Symmetric Channel (BSC) is
simulated for different Bit Error Rates (BER). By using a fully
implemented encoder-decoder pair, input  data is  first
compressed with ‘a baseline H.263+ encoder ‘and during this
time, the hidden info is also embedded into the bit-stream. Then,
the bit-stream is passed through a BSC, and finally, the
erroneous - bit-stream is -decoded ‘using a modified H.263+
decoder, capable of error concealment from hidden data. During
simulations; Foreman and Carphone (400 frames and QCIF size)
are utilized and the bit-streams are test with BSC for different
error patterns 100 times. The visual reconstruction quality is
determined in terms of Peak Signal-to-Noise ratio (PSNR).

The results of simulations are summarized in Tables 1 and
2. In these tables, PSNR after compression, data hiding and

Figure 3: Block diagram of the proposed algorithm for {a) intra-
and (b) inter-coded frames (shaded ellipses show hidden data).
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Figure 4: Foreman (a) PSNR vs. bit-rate for BER: 107, (b)
PSNR vs. frames fo; bit-rate==750 Kb/s, BER: 107, (¢) BER==§Gj5

resulting average PSNRs for damaged and concealed sequences
are presented for three different bit-rates. Note that the damaged
sequences are obtained using the error resilience properties of
H.263+ baseline codec, in which the ‘error reconstruction is
simply achieved by replacing a lost block from the same location
in the previous frame.
The system is also compared with (255,253), (255, 251),
(255,247), (255, 239), and (255, 223) Reed-Solomon (RS) codes
for 6 different bit-rates. The results are shown in Fig 4 (a) for
Foreman sequence and BER 107
The PSNR plot is shown in Fig.4 (b) and (c) for Foreman
sequence ‘for BER 107, 107 and bit-rate 750Kb/s. From these
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tables and Fig.4, it is clear that the performance of the proposed
algorithm improves for higher error rates (BER=10") and an
average improvement of about 4dB is achieved for this BER
over the baseline codec. However, the well-known RS codes
give better results compared to the proposed method. For the
simulated bit-rates, data hiding causes about 1dB visual loss. On
the other hand, the performance of the proposed algorithm gets
better, as the encoding bit-rates increases. For BER=107, in low
bit-rates, there is an over protection by data hiding, resulting
with a significant decrease in PSNR after data hiding.

5. CONCLUSIONS

A novel video error concealment method is proposed, jointly
achieving detection, resynchronization and recovery using data
hiding. The system combines different types of hidden
information in order to obtain better reconstruction quality.
Simulations on video sequences indicate a significant
improvement against conventional techniques.

The reason of observing better performance at higher bit-
rates is due to enough number of non-zero coefficients to hide
the required data for inter-coded frames. In order to improve the
performance for lower bit-rates, the algorithm should be
modified to use bit-planes other than the LSB-plane for data
hiding. Obviously, the proposed system shows its resilience to
errors at higher error-rates, compared to baseline codec. Robust
versions of the original codec are expected to decrease the
performance gap with the proposed method.

It should be noted that not all the blocks have the same
characteristics from reconstruction point of view. The
simulations show that blocks without a major single edge (such
as highly textured areas) cannot be interpolated successfully via
edge-based interpolation.

The major drawback for error concealment using data hiding
is due to the fundamental dilemma for finding the source of the
error, in case of a conflict between hidden and decoded data.
Using a number of extra parity bits partially solve these
problems, since these solutions come along with the assumptions
on the locations of bit-errors (e.g. bit-errors should be as far as

mechanisms (e.g. CRC), instead of simple parity bits may solve
this problem, while increasing the number of bits to hide.
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possible). Utilization of more sophisticated error detection

Bit rate: 1 Mbit/sec Bit rate: 500 kbit/sec Bit rate: 200 kbit/sec

Average PSNR (dB) v U v Y ] v v U v
Compressed 4156 | 43.57 | 4496 | 37.09 | 40.38 | 41.73 | 33.02 | 37.99 | 3891
Compressed + data hiding 3080 | 43.11 | 4424 | 36.00 | 39.96 | 4124 | 29.59 | 37.35 | 37.77
BER: 1E-4 Damaged 1817 | 21.88 | 21.56 | 21.50 | 25.24 | 2496 | 24.38 | 28.87 | 28.58
) Concealed 5230 | 2981 | 29.67 | 26.86 | 34.87 | 3549 | 25.74 | 33.00 | 33.23
BER: 1E-5 Damaged 3262 | 37.34 | 38.01 | 3331 | 37.33 | 3832 [ 3166 | 3671 | 37147
. Concealed 3580 | 4049 | 41.34 | 34.76 | 39.59 | 40.81 | 29.07 | 36.54 | 36.92

Table 1. Average PSNR values for Foreman sequence for different bit-rates and BERs.

Bit rate: 850 kbit/sec Bit rate: 400 kbit/sec Bit rate: 200 kbit/sec

Average PSNR (dB) Y U v Y U v Y O v
Compressed 4269 | 4454 | 4532 | 3838 | 41.53 | 42.32 | 34.86 | 39.40 | 40.12
Compressed + data hiding 4165 | 4402 | 4483 [ 3639 | 40.85 | 4161 | 31.38 | 38.67 | 39.13
BER: 1E-4 Damaged 1950 | 22.55 | 2245 | 22.56 | 25.66 | 25.69 | 25.10 | 29.22 | 29.33
: Concealed 24.10 | 31.02 | 30.89 | 27.69 | 3579 | 3558 | 26.56 | 3323 | 32.95
BER: 1E-5 Damaged 3525 | 3882 | 39.24 | 34.72 | 38.01 | 3896 | 3345 | 3804 | 38.66
i Concealed 3643 | 40.63 | 4098 | 3527 | 4040 | 41.23 | 30.69 | 37.75 | 38.00

Table 2. Average PSNR values for Carphone sequence for different bit-rates and BERs
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Utilization of data hiding for concealment of video transmission errors provides a reserve
information about the video to the receiver while unchanging the transmitted bit-stream
syntax;, hence, improves the reconstruction video quality without extra’ channel
utilization. A spatial domain error concealment technique, which hides edge orientation
information of a block, and a resynchronization technique, which embeds bit length of a
block into other blocks are composed. The proposed method also uses these techniques
for detecting errors. Simulation results show that these approaches cooperate quite well in

concealing the errors.

1. Introduction

In order to handle the transmission errors of digital signals over noisy wireless
channels at the receiver side, some error concealment techniques have been
proposed [1]. These techniques try to recover the lost data by an'interaction
between the encoder and decoder, as a re-send signal [1], or post-processing
operations to recover lost information at the decoder {5], or leaving some extra
redundancy at the encoder to minimize the reconstruction error [1). Instead of
permitting some redundancy during source coding, one option is to hide some
imperceptible information to be useful during error concealment.

Data hiding is a new generation technique of making imperceptible
modifications on the media [3] and the hidden information can be transmitted
without a bit-rate overhead in the bit-stream of the compression standard being
used. Hiding information, not only works as a hidden channel from encoder to
decoder, but also alleviates some burden on post-processing.

2. Related Work On Error Concealment By Data Hiding

Conventional error concealment methods are achieved in a post-processing
stage and are mainly based on the smoothness property for the image frames.
Recovery of the lost blocks is usually performed in spatial [5] or frequency
domain [1]. However, if a lost block is not sufficiently smooth, then the
interpolation of this block from its neighbors is a suboptimal solution. Data



hiding, which simply serves for transporting this lost information to the receiver,
can be a good alternative solution with some bottlenecks.

Since interpolation along the edge direction gives superior results compared
to conventional approaches, edge direction information is worth to hide {5]. In
[2], the edge orientation of each block is embedded into a companion block
(Fig. 1) by the help of any data hiding technique. Anocther problem arising in
error concealment is due to the loss of synchronization in the bit stream at the
decoder. One solution is to hide the bit length data of a block into neighbors [4].
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3. Proposed Method

In order to achieve successful error concealment, the exact location of the error,
i.e. damaged block, should be detected as a first step. After detecting the
~damaged block, synchronization must be established back in order to prevent
the propagation of the error to the other blocks. The next step is the
reconstruction of the intensities for the damaged block.

In the proposed method, edge direction information and bit length data are
necessary to realize the error recovery in all 3 issues. Edge direction information
is embedded into one upper block of the current block and bit length data is
hidden into the previous block. For embedding the edge orientation, the block is
first classified as an edge block by computing the gradient magnitude. The
angles, whose gradient magnitudes are above a threshold, are quantized into 16
equally spaced directions (4 bits). Obviously, a single message bit should also
be hidden to indicate the type of the block, i.e. an edge or a smooth block
(Fig.1). For hiding the bit-length data, the number of bits used for the current
block is determined during encoding and this value is embedded after a
conversion into binary representation (Fig.1). The proposed method requires 8
to 12 bits according to the bit rate (i.e. quantization parameter). Data hiding is
achieved by simple “even-odd” signaling [2,4].

3.1. Error Detection

Both edge direction information and bit length data is used for error detection.
For each decoded block, its edge direction information is calculated once again



at the decoder and compared with the information hidden in the upper block.

After the edge direction test, the bit length data is checked as second stage.
After a block is decoded, total number of bits read from the bit stream and the
value hidden in the previous block are compared.

3.2. Resynchronization L

In order to resynchronize at the decoder, the bit length data is utilized again. The
difference between the hidden and -decoded bit numbers is calculated and the
decoder skips that amount of bits in order to start decoding from a new
undamaged block. In this way, without having macroblock headers, the system
is able to synchronize itself at the start of each macroblock.

3.3. Reconstruction

For every. block, edge direction information is extracted from the blocks in the
upper slice. When an error is detected in a block, its edge direction information
is checked whether it is an edge or a smooth block. If it is an edge block, then it
is interpolated from two neighboring blocks along its edge direction. Otherwise,
for a smooth block, simple bilinear interpolation technique is applied.

4. Simulations

ITU H.263+ codec is utilized for Foreman sequence during the experiments.
After H.263+ compression, single bit errors are imposed on the resultant bit-
stream. It should be noted that the current system considers only errors that
affect the intra frames. A system, considers inter frames by hiding motion vector
information, is still under development.

In Fig. 2(a), (b) and (c), the first frames of the original, compressed and
data hidden videos are shown respectively. In Fig. 2(d), a typical result dueto a
random 1-bit error in the bit stream (intra-frame) is given. The concealment in
Fig. 2(e) is made by bilinear interpolation only and H.263+ decoder itself
detects the error. Fig. 2(f) is concealed by the proposed method. The decoder
perfectly detects the error, synchronizes the next block and reconstructs the
damaged block. Table 1 summarized the average PSNR values for the whole (22
times single-bit-error) expenments -

5. Conclusions

In this paper, a. novel error concéalment method using data hiding is proposed.
The system combines two previous methods in this area in order to obtain much
better reconstruction quality considering détection, - resynchronization and




concealment together. However, all blocks do not have the same characteristics
from concealment point of view. The simulations show that the blocks without a
major single edge (such as highly textured areas) cannot be interpolated
successfully via-edge-interpolation.

d) , © - , B
Figure 2. (a): original, (b) compressed; (¢) data hidden, (d) 1-bit error, () bilinear interpolation, (f)
proposed method. : S . -

Table 1. Average PSNR values.
Average PSNR (dB)
After H.263+ compression (900 Kbit/s)
Afier data hiding
After transmission with errors
After concealment using bilinear interpolation
After concealment using edge based interpolation
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Abstract. Semantic classification of images using low-level features is a chal-
lenging problem. Combining experts with different classifier structures, trained
by MPEG-7 low-level color and texture descriptors is examined as a solution
alternative. For combining different classifiers and features, two advanced deci-
sion mechanisms are proposed, one of which enjoys a significant classification
performance improvement. Simulations are conducted on 8 different visual se-
mantic classes, resulting in accuracy improvements between 3.5-6.5%, when
they are compared with the best performance of single classifier systems.

1 Introduction

Large collections of digital multimedia data are used in various areas today [1]. This
is an inevitable result of the technological advances that make it easy to create, store
and exchange digital multimedia content. Most of this content is indexed by manual
annotation of data during the process of input. Although manual annotation is inevita-
ble for some cases, replacing it with automatic annotation whenever possible, lifts a
great burden.

MPEG-7 standard comes up with many features, supporting both manual and
automatic annotation alternatives. In this standard, although many detailed media de-
scriptions for manual annotation exist, automatic annotation is encouraged by many
audio-visual low-level descriptors. These low-level descriptions (features) can be ex-
tracted automatically from the data by using many state-of-the-art algorithms. In this
context, the most challenging problem is to find some relations between these low-
level features and high-level semantic descriptions, desired by typical users. Focusing
on visual descriptors, some typical examples of such high-level visual semantic de-
scriptions can be indoor, sea, sky, crowd, etc.

Classification using low-level descriptions is widespread in many different areas as
well as image classification. However, utilization of standardized features like those
in MPEG-7 and combining them are relatively new ideas in the area of image classifi-
cation. The work presented reaches one step beyond the previous approaches, and
performs supervised classification of still images into semantic classes by utilizing
multiple standard-based features and various classifier structures concurrently in two

different settings.



These settings, namely advanced decision mechanisms that are proposed in this
paper are compared against common single classifier-single descriptor setting and
some other techniques in terms of classification performances. In this way, interesting
and important relations are revealed.

The paper is organized as follows. In Section 2, low-level image features that are
used in classification are introduced. Classifier types used and modifications on them
are explained in Section 3. Various well-known basic methods to combine the ex-
perts, which use the features explained in Section 2 and have one of the classifier
structures in Section 3, are discussed in Section 4. Two advanced decision mecha-
nisms are developed in Section 5, as an alternative to the classical methods. These
proposed decision mechanisms are compared with the best performance of single ex-
perts experimentally in Section 6. Section 7 summarizes the main results of the work
and offers concluding remarks.

2 Low-Level Image Features

Successful image classification requires a good selection among low-level representa-
tions (i.e. features). In this research, color and texture descriptors of MPEG-7 [2] are
utilized. A total of 4 descriptors are used, while two of them (color layout and color
structure) are color-based, the other two (edge histogram and homogeneous texture)
are texture descriptors.

MPEG-7 Color Layout descriptor is obtained by applying DCT transformation on
the 2-D array of local representative colors in YCbCr space. Local representative col-
ors are determined by dividing the image into 64 blocks and averaging 3 channels on
these blocks. After DCT transformation, a nonlinear quantization is applied and first
few coefficients are taken. In these experiments, only 6 coefficients for luminance and
3 coefficients for each chrominance are used, respectively [2].

MPEG-7 Color Structure descriptor specifies both color content (like color histo-
gram) and the structure of this content by the help of a structure element [2]. This de-
scriptor can distinguish between two images in which a given color is present in iden-
tical amounts, whereas the structure of the groups of pixels is different.

Spatial distribution of edges in an image is found out to be a useful texture feature
for image classification [2]. The edge histogram descriptor in MPEG-7 represents lo-
cal edge distribution in an image by dividing the image into 4x4 sub-images and gen-
erating a histogram from the edges present in each block. Edges in the image are
categorized into five types, namely, vertical, horizontal, 45° diagonal, 135° diagonal
and non-directional edges. In the end, a histogram with 16x5=80 bins is obtained, cor-
responding to a feature vector with 80 dimensions.

MPEG-7 Homogeneous Texture descriptor characterizes the region texture by
mean energy and energy deviation from a set of frequency channels. The channels are
modeled by Gabor functions and the 2-D frequency plane is portioned into 30 chan-
nels. In order to construct the descriptor, the mean and the standard deviation of the
image in pixel domain is calculated and combined into a feature vector with the mean
and energy deviation computed in each of the 30 frequency channels. As a result, a
feature vector of 62 dimensions is extracted from each image [2].



3 Classifiers

In this research, 4 classifiers are utilized, which are Support Vector Machine [8],
Nearest Mean, Bayesian Plug-In and K-nearest neighbors [4]. Binary classification is
performed by experts obtained via training these classifiers with in-class and informa-
tive out-class samples. These classifiers are selected due to their distinct natures of
modeling a distribution. For distance-based classifiers (i.e. Nearest Mean and K-
Nearest Neighbor) special distance metrics compliant with the nature of the MPEG-7
descriptors are utilized. Since the outputs of the classifiers are to be used in combina-
tion, modifications are achieved on some of them to convert uncalibrated distance
values to the calibrated probability values in the range [0,1]. All of these modifica-
tions are explained in detail along with the structure of the classifiers in the following
subsections.

3.1. Support Vector Machine (SYM)

SVM performs classification between two classes by finding a decision surface via
certain samples of the training set. SVM approach is different from most classifiers in
a way that it handles the risk concept. Although other classical classifiers try to clas-
sify training set with minimal errors and therefore reduce the empirical risk, SVM can
sacrifice from training set performance for being successful on yet-to-be-seen samples
and therefore reduces structural risk [8]. Briefly, one can say that SVM constructs a
decision surface between samples of two classes, maximizing the margin between
them. In this case, 2 SVM with second-degree polynomial kemel is utilized. SVM
classifies any test data by calculating the distance of samples from the decision sur-
face with its sign signifying which side of the surface they reside.

On the other hand, in order to combine the classifier outputs, each classifier should
produce calibrated posterior probability values. In order to obtain such an output, a
simple logistic link function method, proposed by Wahba [5] is utilized as below.

. 1
P(m-c!assl X)"—‘-l-:;.—/-(; (1)

In this formula, f{x) is the output of SVM, which is the distance of the input vector
from the decision surface.

3.2. Nearest Mean Classifier

Nearest mean classifier calculates the centers of in-class and out-class training sam-
ples and then assigns the upcoming samples to the closest center. This classifier again,
gives two distance values as output and should be modified to produce a posterior
probability value. A common method used for K-NN classifiers is utilized in this case
[6]. According to this method, distance values are mapped to posterior probabilities

by the formula,
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where d,; and d,,, are distances from the i and j" class means, respectively. In addi-
tion, a second measure recomputes the probability values below a given certainty
threshold by using the formula [6]}:

P(wi|x)=TNv’- e

where NV, is the number of in-class training samples whose distance to the mean is
greater than x, and N is the total number of in-class samples. In this way, a more ef-
fective nearest mean classifier can be obtained.

3.3. Bayesian Gaussian Plug-In Classifier

This classifier fits multivariate normal densities to the distribution of the training data.
Two class conditional densities representing in-class and out-class training data are
obtained as a result of this process [4]. Bayesian decision rule is then utilized to find
the probability of the input to be a member of the semantic class. :

3.4, K-Nearest Neighbor Classifiers (K-NN)

K-NN classifiers are especially successful while capturing important boundary details
that are too complex for all of the previously mentioned classifiers. Due to this prop-
erty, they can model sparse and scattered distributions with a relatively high accuracy.

Generally, the output of these classifiers are converted to probability, except for
K=1 case, with the following formula:

Pw,|x)=K,/K @

where K, shows the number of nearest neighbors from class-i and X is the total num-
ber of nearest neighbors, taken into consideration. This computation, although quite
simple, underestimates an important point about the location of the test sample rela-
tive to in-class and out-class training samples. Therefore, instead of the above
method, a more complex estimation is utilized in this research:

[
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where y; shows in-class nearest neighbors of the input and y; represent all k-nearest
neighbors of the input.

Although, this estimation provides a more reliable probability output, it is observed
that applying another measure to the test samples with probabilities obtained by (5)
below a threshold also improves the result. This measure utilizes the relative positions
of training data among each other [6]. This metric is the sum of the distances of each
in-class training sample to its k in-class nearest neighbors:
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After this value is computed for each training sample and input test sample, the final
value is obtained by,

P(in—class|x)=1-(N,/N) @)

where N, is the number of in-class training samples with g(x) value smaller than the
input test sample and N is the number of all n-class training samples. In this way, a
significant improvement is achieved in 3-NN, 3-NN, 7-NN and 9-NN classifier re-
sults.

For 1-NN case, since the conversion techniques explained here are not applicable,
the probability estimation technique employed in the case of nearest mean classifier is
applied.

4 Expert Combination Strategies

Combining experts, which are defined as the instances of classifiers with distinct na-
tures working on distinct feature spaces, has been a popular research topic for years.
Latest studies have provided mature and satisfying methods. In this research, six
popular techniques, details of which are available in literature are adopted [3]. In all’
of these cases, a priori probabilities are assumed as 0.5 and the decision is made by
the following formula:

- __Ah

Plin=class| X)= 5= (8)
Here, P, is the combined output of experts about the likelihood of the sample X be-
longing to the semantic class while P is the likelihood for X not belonging to the se-
mantic class. Decision is made according to the Bayes’ rule; if the likelihood is above
0.5, the sample is assigned as in-class, else out-class. P, and P, are obtained by using
combination rules, namely, product rule, sum rule, max rule, min rule, median rule

and majority vote [3]. In product rule, R experts are combined as follows,
[’,:flP(in—clasle) Pz=]_£IR(am—clasle) 9
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Similarly, sum rule calculates the above probabilities as,

ﬂ:ﬁ:ﬂ(in—classl)() P,=iP,(out—cz’ass|X) (10) -
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Others, which are derivations of these two rules, perform the same calculation as fol-
lows:

R R
Max Rule R:mzilxl’,(in—classl/\’) e, =ma|xl’,(out—c/asle) (11)
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Min Rule F, = min P(in-class| X) P, = nililnP,(

R R
Median Rule P, = med F,(in - class| X)  Py=medF(

Lastly, majority vote (MV) counts the number of experts with
higher than 0.5 and assigns to P,. Py is the number of voting expi
N, N Ny #experts

fority V. P = ! = b I
Majority Vote VSN AN, SHAN, Nk oot

5 Advanced Decision Mechanisms

In order to improve the classification performance, which is ach
bination strategies, two different advanced mechanisms are
mechanisms, namely Multiple Feature Direct Combination (M
Feature Cascaded Combination (MFCC), use the output of sing
ferent ways. They are applied only to semantic classes, for wh
the low-level features are required. In these mechanisms, only
are involved, leaving out 3-NN, 7-NN and 9-NN type experts,
nance of K-NN. These experts are based on SVM, Nearest Mea
Plug-in, 1-NN and 5-NN classifiers.

MFDC mechanism combines output of sole experts, which a
level features, in a single step. For instance, 3x5=15 experts w
class that is represented by three different low-level features. b
Feature Combination (SFC) outputs are utilized. SFC combines
same low-level feature and gives a single result. Next, MFCCu
SFC to generate a resultant in-class probability. These two mect
in Figure 1.

Experts (N types of classifiers)




6 Implementation Issues

A total of 1600 images, collected from various sources and having different resolu-
tions, are used for training and test phases. A total of eight semantic classes are classi-
fied. For each class, 100 in-class and 100 out-class samples are used. Boosting [4] is
used to prevent dependence of results on images. Five tests are performed by taking
20 distinct samples from each of in-class and out-class data sets, and training the ex-
perts by remaining classified data consisting of 80 in-class and 80 out-class training
samples. Results are evaluated by considering the average of these five tests.

The semantic classes selected for these tests have the common property of being
convenient to be inferred from low-level visual features extracted from the entire im-
age. This means that, the characteristics of these classes are usually significant in-the
entire image and therefore the need for segmentation is mostly avoided.

Eight classes that are subjects of the tests are football, indoor (outdoor), crowd,
sunset-sunrise, sky, forest, sea and cityscape. For each class, MPEG-7 color and tex-
ture descriptors that proved to capture the characteristics best in the pre-experiments,
are utilized. The corresponding features to classifying these classes are tabulated in
Table 1.

Table 1. Semantic classes and related features

Semantic Class Low-Level Features
Football Color Layout
Indoor Edge Histogram
Crowd Homogeneous Texture
Sunset-Sunrise Color Layout, Color Structure, Edge Histogram
Sky Color Layout, Color Structure, Homogeneous Texture
Forest Color Structure, Edge Histogram, Homogeneous Texture
Sea Color Layout, Homogeneous Texture
Cityscape Color Structure, Edge Histogram, Homogeneous Texture

Table 2. Performances of SFC v.s. single experts

Max|  Single Feature Comb. (SFC)

Single"prd Sum Max _Min - Med MV
Accuracy} 91.0 1875 189.51 8§75 | 875 | 500} 910}
Precision] 91.6 19889881973 973 | 988927
Recall | 91.0}1760{800}770] 770 |81.0}89.0
Accuracy] 83.0 | 84.0 830} 83.5 | 835 [81.0]840
Precision] 81.1 } 91.3 [91.0] 883 | 883 | 90.8 904
Recail [870}750(73.0} 7701 77.0 {69.0}760
Accuracy] 79.5 | 75.5|81.0] 77.0 | 77.0 | 790 78.5
Precision] 83.5 [ 725 (818|733 | 73.3 | 816|796
Reealt | 73.0 ]84.0{800}870] 87.0 [750]770

Crowd | Indoor §Football




7 Experimental Results

Combination of experts has been tested on eight semantic classes. For the first three
of these classes (football, indoor and crowd), only one representative low-level fea-
ture is used and therefore only Single Feature Combination (SFC) is available. Other
five classes (sunset-sunrise, sky, forest, sea and cityscape) are represented by multiple
features and therefore advanced decision mechanisms (MFDC and MFCC} are also
applicable. Performances of the techniques on these two sets of classes are presented
separately in different tables, Table 2 and Table 3, respectively. In order to provide a
good basis of comparison, for each class, the result of an “optimal combination for-
mula” which is obtained by combining experts with the best results, is also included.
Obviously, such a case is not practical, since it should be determined case-by-case ba-
sis for each class.

In this section, although the accuracy results are used for comparison, precision
and recall results are also included in the tables. This is because of the fact that they
convey information about different properties of the techniques, which is hidden in
accuracy.

Table 3. Performances of single experts, SFC, MFDC, and MFCC on different classes.

Max | Max MFCC MFDC Opﬁmall
Single| SFC . - m?;::i.
Prd Sum Max Min Med MV|Prd Sum Max Min Med MV
5 glaceurser] 925 | 920 f92.5)900 92.0(92.0(90.0[90.0f92.5(91.0/84.5[91.0/ 910|910} 935 | mey
& Elprecision] 909 | 8.8 |93.5|91.2/92.6|926/91.2/91.2193.5193.1/82.2/91.4| 90.6 906 | 925 AL
A Recal | 95.0 | 970 [92.0[89.0/92.0{92.0{89.0[89.0)92.0189.0{91.0{91.0{92.0{92.0} 950 22
Aceuracy] 93.0 | 92.5 [96.0]96.594.0]95.0[96.5/96.5§96.0(97.0(83.0|88.5195.5|95.5] 960 | moo
& [Precision| 9.0 | 92.3 |94.5|94.7|94.5/95.4/00.7104.7]04 5\95.4|86.4 |97 6| 922 92.2] 945 ot
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—[aceuracy 790 | 820 [ss.5}86.0]ss.0fss.0fss sjss sfse s|ea.s| 0835|830 830] 850 | Zmo
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For the classes in Table 2, it is seen that SFC leads with at least one rule except for
the football case. However, improvements are not significant and also performance
depends on the choice of the best combination for each of the above classes. For foot-
ball, the majority vote rule gives the same result (% 91) with the best expert, which is
a 1-NN. Indoor class is classified slightly better than the best expert (% 83) by prod-
uct and majority vote results (% 84). In crowd classification, sum rule reached 81%
and beat 9-NN classifier, whose performance was 79.5%.

Significant improvements are observed in the cases, where the proposed advanced
decision mechanisms are applicable. MFDC and MFCC outperform the best single
expert and best SFC for nearly all classes. The only case in which advanced decision
mechanisms do not yield better results than the best single expert is sunset (sunrise)
classification.

MFDC though being successful against single experts, could not beat the “optimal
combination formula” in most of the cases. However, the “optimal combination for-
mula” gives inferior results against MFCC for the most cases. For instance, MFCC
improves the performance of classifications, especially when its second stage combi-
nation rule is fixed to median, while SFCs in the previous stage are obtained by the
product rule. This should be due to the fact that these two rules have properties, which
compensate the weak representations of each other. Product rule, although known to
have many favorable properties, is a “severe” rule, since a single expert can inhibit
the positive decision of all the others by outputting a close to zero probability [3].
Median rule, however, can be viewed as a robust average of all experts and is there-
fore more resilient to this weakness belonging to the product rule. This leads us to the
observation that combining the product rule and the median rule is an effective
method of increasing the modeling performance. This observation on MFCC is also
supported by a performance improvement of 3.5% for sky, 6.5% for forest, 5.5% for
sea and 5% for cityscape classification, when it is compared against the best single
classifier. MFCC also achieves a performance improvement of at least 1-2% over
even the manually selected “optimal combination formula”.

Another important fact about the performances achieved in classification of these
classes using advanced decision mechanisms is the increase in precision values they
provide. In the application of classification of these methods to large databases with
higher variation compared with data sets used in experiments, usually recall values
are sustained, however precision values drop severely. The methods proposed in this
text, therefore have also an effect of increasing robustness of classification.

In addition, although the averages of the test sets are displayed for each class, when
the separate test set performances are analyzed, MFCC shows quite stable characteris-
tics. The variance of its performance from one test set to another is less than all oth-
ers. Typical classification results can also be observed at our ongoing MPEG-7 com-
pliant multimedia management system site, B11VMS (http://yms.bilten.metu.edu.tr/).



8 Conclusion

Reaching semantic information from low-level features is a challenging problem.
Most of the time, it is not enough to train a single type of classifier with a single low-
level feature to define a semantic class. Either it is required to use multiple features to
represent the class, or it is needed to combine different classifiers to fit a distribution
to the members of the class in the selected feature space.

Advanced decision mechanisms are proposed in this paper, and among the two
methods, especially, Multiple Feature Cascaded Combination (MFCC) achieves sig-
nificant improvements, even in the cases where single experts have already had very
high accuracies. The main reason for this improvement is the reliability and stability
the combination gains, since experts that are good at modeling different parts of the
class distribution are combined to complement each other. For MFCC, it is observed
that classification performance significantly improves, when correct combination
rules are selected at each stage. For instance, combining the product rule results of the
first stage by using median rule is found out to be quite successful in all cases. This
observation can be explained by the complementary nature of the rules.
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Abstract. An algorithm is proposed for automatic summarization of multime-
dia content by segmenting digital video into semantic scenes using HMMs.
Various multi-modal low-level features are extracted to determine state transi-
tions in HMMs for summarization. Advantage of using different model topolo-
gies and observation sets in order to segment different content types is empha-
sized and verified by simulations. Performance of the proposed algorithm is
also compared with a deterministic scene segmentation method. A better per-
formance is observed due to the flexibility of HMMs in modeling different con-

tent types.

1 Introduction

The most critical issue in multimedia management is automation. Rapid growth of
multimedia content requires sophisticated analysis algorithms running with minimum
user intervention. However, automatically extractable clues are usually low-level
descriptions of the multimedia content (e.g. color, shape, pitch), and relating them to
high-level semantic descriptions (e.g. dialogue, car, Beethoven) is a difficult problem
to solve. An example is automatic analysis and extraction of the scene structure in
digital video. Such an analysis is valuable, since it provides better indexing and more
concise summaries of videos, compared to shot-based summarization techniques.

Apart from the sheer size of data that needs to be analyzed, another problem is the
diversity of content types available. It is obvious that a soccer video does not have
much in common with a documentary video from the summarization point of view.
Their production styles, production purposes and properties of the end result are dif-
ferent. Moreover, sometimes examples within the same genre are not similar enough
to be analyzed successfully using the same method (e.g. movies might be produced
by directors with different styles). Thus, it is virtually impossible to build an auto-
matic algorithm that successfully analyzes all different content types. Since different
content types are generated using different processes, different models are needed to
analyze them. Likewise, characteristic properties of particular content types are dif-
ferent, which requires the use of different low-level descriptions of the content.



In this paper, different video content types are analyzed by automatically extract-
ing various low-level properties and summarized using a Hidden Markov Model
(HMM), which takes the low-level properties as observation inputs. In the following
sections, two different content types are analyzed using different combinations of
low-level observations and HMM topologies. Finally, the HMM-based system is also
compared with a deterministic approach explained in [1].

Throughout this paper, a 'shot' is used to mean a continuous recording of a camera,
whereas a 'scene’ means a temporally adjacent and semantically meaningful collection

of shots.

2 Video Summarization

Current trend in video summarization can be broadly classified into two major
classes, as model-based or similarity-based (clustering) approaches. Model-based
approaches, as their name implies, either try to match a model from a library to the
observed data for classification [2-4], or utilize a model to segment the given data
[5,6]. In these approaches, the models can be either finite-state machines [2], or
HMM s [3-6]. On the other hand, clustering-based approaches [1,7] do not rely on any
model, but use a similarity measure between visual clues.

A popular approach in video summarization is classifying particular scene types in
a video stream. For example, a finite state machine that represents the structure of
dialogue and action scenes involving two parties can be used to summarize story-
based video sequences [2]. In [3], authors develop HMMs to define play and break
scenes in a soccer video and use dynamic programming for parsing. A similar study,
detects highlights in baseball videos by developing Hidden Markov Models that rep-
resent different scene types in a baseball sequence [4].

On the other hand, some methods take into account the global structure of the
video and segment the data based on this structure. In [5], different HMMs that model
documentary structures are presented, whereas in [6], dialogue scenes in story-based
videos are segmented using HMMs that imitate the inherent grammar of videos.

As a different approach, a clustering method [1] uses histogram-based visual simi-
larity and activity similarity measures to cluster shots in a video into semantic classes.
The temporal relationships of shots are also taken into account by merging a shot into
a scene based on distance between shots in time. An intelligent rule-based post-
processing method further refines the clustering method, effectively merging tempo-
rally interleaved scenes [1]. A similar method [7] employs color, edge, shape, audio
and close caption features, while using Bayesian Belief Networks to extract topics of
program portions in a video.

3 Hidden Markov Models

Hidden Markov Models (HMM) are powerful statistical tools that have been success-
fully utilized in speech recognition and speaker identification fields [8]. They have



also found applications in content-based video indexing area for solving video scene
segmentation [4,5,6,9]. Recently, other researchers approached modified HMM struc-
tures such as Coupled HMMs [10] or used HMMs in conjunction with other probabil-
istic methods, such as dynamic programming [3], in alternative video segmentation
schemes. The most critical design issues for HMM-based modeling are defining the
hidden states, finding state topology and deciding the observable symbols at each
state. After these initial design steps, determining the statistical parameters (Baum-
Welch algorithm [8]) and finding a state-sequence for an input (Viterbi algorithm {8])
have well-known solutions.

For video scene modeling, assigning scenes of the content to states of the HMM is
the most straightforward approach. According to the scene classifications of content
producers, such as establishing scene, dialogue scene, etc., the states of the model can
be determined. HMM states can be connected to each other using different HMM
topologies. One p0551bxlnty is a left-to-right HMM state topology, but this option is
not found feasible, since the number of scenes is not known beforehand [6]. In this
paper, circular HMM topologies with different number of states are examined (Fig.
1). Section 4 explains the final critical design issue, the choice of observable output
symbols of HMM at each hidden state.
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Fig. 1. Different HMM topologies. (D: Dialogue, ND: Non-dialogue, LA: Low-action, HA:
High-action, T: Transition, A: Action, DT: Dialogue transition, AT: Action Transition)

4 Content Types for Summarization

Two different content types with different characteristic properties are defined.



4.1 Type &: Dialogue-Driven Content

Story-based dialogue-driven video content is classified as Content Type L. Videos of
this type are made up mainly of dialogue scenes following each other to build a story.
Situation comedies, dramas, and some TV series fall into this category. Motion activ-
ity feature is not expected to be of much use in segmentation of videos belonging to
this content type, since dialogues typically have consistent, low motion activity val-
ues. On the other hand, presence of speech and face gives important information
about the scene structure, since they are suitable for dialogue segmentation, as dem-
onstrated in [6].

4.2 Type II: Action-Driven Content

Similar to Type I, video belonging to Content Type 1 is also story-based, but they are
action-driven. Action scenes are at least as important as dialogue scenes, and story is
presented through a sequence of dialogue and action scenes. All kinds of action nov-
ies (thrillers, sci-fi, detective, etc.) fall into this category. The motion activity feature
is expected to perform well with this content type, since high-action scenes and low-
action scenes exhibit different motion activity properties.

5 Automatic Summarization System
For all different content types, features and topologies, HMM-based video summari-

zation system should consist of three stages: Pre-processing, feature extraction and
decision-making (Fig.2).
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Fig. 2. HMM-based video summarization

In the preprocessing stage, compressed video stream should be decoded and de-
multiplexed for multi-modal analysis, and it should be further parsed into its shots. In



the feature extraction stage, audio stream might be analyzed to identify the shots
having silence, speech or music content; and video stream can be analyzed to detect
shots containing faces, location changes and to find motion activities for each shot. It
is important to note that, depending on the type of the video, not all of the features
might be needed in segmentation, and some of the features may not be suitable for
segmenting certain content types.

The HMM comprising the decision-making stage depends on type of the video be-
ing segmented. By using an HMM, the system is trying to model the process by
which observed features are generated. Therefore models for different types of videos
should also be different.

Output of the decision making stage is a sequence of states in which each state cor-
responds to a shot in the input video and attaches a type label to it. Following the
decision making stage, consecutive shots of the same type are merged together into
scenes. In this merging process, a scene is assumed to be composed of one or more
shots of type ND, T, DT or AT, followed by one or more shots of type D, A, HA or
LA. This approach enables videos to be segmented seamlessly into scenes. It is trivial
to compose a visual summary by selecting key frames from each scene after this

point.

5.1 HMM Training

HMM training has well-defined solutions {8], however it requires special attention
from video segmentation point of view. Although the video content usually shows -
similar properties within genres (e.g. dialogues consist of altérnating shots of speak-
ing people or a goal is immediately followed by slowing down of action in soccer),
some higher-level, subtler properties can be different. These high-level features are
usually based on director’s choices or the script. For example, even if one compares
two movies of the same genre, assuming their directors and scripts are different, they
may exhibit different frequency of action scenes, different dialogue lengths, different
usage of camera, etc. Fortunately, a trained HMM . is able to capture all these proper-
ties. Hence, self-training the model with the input video allows better modeling of the
underlying process by which the video is generated, and thus provides a better per-
formance. In fact, this process itself is not “training”, but simply a model parameter
extraction.

In the proposed system, a fixed initial model is used for videos of a content type.
After feature extraction, the model is trained with extracted features, and at last, the
movie is parsed using self-trained HMM. The initial model parameters for HMMs are
obtained according to experience, and shown to be stable initial models. During simu-
lations, up to 20% variations on the initial observation probabilities converge to the
same trained models, as long as transition probabilities are kept constant.



5.2 Extracted Features

The fundamental low-level features are standardized in MPEG-7. The utilized de-
scriptors from this standard are face, color histogram, motion activity and audio pa-
rameters. Each shot in the video sequence is labeled by these descriptors.

Face Detection: Presence of faces is a clue for dialogues and so ability to detect faces
is valuable for video scene segmentation. Face detection is a quite mature topic with
diverse solutions [11]. Most of these approaches are based on the simple fact that
human skin color occupies a very narrow region in any 3-D color space. Hence, the
segmentation of image points belonging to this region in the color space gives a good
initial estimate of the skin-colored regions. YUV color space has been used in the
system with simple heuristics [6]. Sample frames are taken from each shot
periodically, are analyzed for existence of faces, and results are voted within each

shot.

Audio Analysis: Humans can understand the scene structure of a video by only
listening to its audio content. Even the semantically lower level properties of the
audio track (e.g. the presence of speech or music) are valuable for segmentation.
Audio track is segmented into three classes as silence, speech and music [6]. The
segmentation process begins with calculating the energy of audio segments. Low

energy segments are labeled as silence. High-energy segments are checked for

periodicity using an autocorrelation function. Since both voiced sounds and music
may have significant peaks in their autocorrelation function, Zero Crossing Rate
(ZCR) [12] of these signals is also measured. ZCR detects abrupt changes that should
occur in speech signals due to existence of both voiced (low ZCR) and unvoiced
(high ZCR) sounds. Music signals are detected by a significant periodicity with small
changes in ZCR. Shots are labeled according to their audio content type that has the
longest duration.

Location Change Analysis: Location changes in a story-based video usually carry
important information concerning scene boundaries. Especially on dialogue-based
videos and on dialogue scenes in mixed-type videos scene boundaries tend to
coincide with location changes. Mostly, a scene in a particular location consists of
alternating shots of people or objects involved in the scene, which may be preceded
and followed by wide shots of the location.

The problem of detecting location changes is approached by a windowed histo-
gram comparison method. A fixed number of histograms are sampled from each shot
within a temporal window, and mean and deviation histograms are calculated using
these samples. As the window moves in time one sample at a time, similarity between
the mean histogram and histogram of the sample at the front of the window is calcu-
lated. This similarity is compared with a deviation-dependent threshold to determine
if there is a location change on that sample. If the number of location change samples
exceeds that of other samples within a shot, the shot is labeled as a location change.
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Motion Activity Analysis: Motion activity can be used in segmentation of Type II
videos, since the low-activity scenes (e.g. dialogue scenes) and high-activity scenes
exhibit contrasting activity behavior. Simulations on sample videos showed that low-
activity scenes consistently tend to have low object motion values, whereas in high-
activity scenes motion activity has variation, spanning all possible values. Motion
activity information is extracted using the frame motion vectors [13]. The variance of
magnitudes of these vectors is calculated for each frame, and variances are averaged
for each shot. The results are quantized to 5 levels. )

6 Simulations

Simulations are conducted on two phases. In the first phase, samples of both content
types are segmented using different HMM topologies and observation sets. In the
second phase, performance of the HMM based method is compared to that of a de-
terministic method [1].

Throughout the simulations, 4 videos recorded from a TV station are used. Two of
the videos belong to Content Type [ (a sitcom and a TV series) whereas the others
belong to Content Type II (two Hollywood family movies). Non-story portions of the
videos (commercial brakes, credits, summaries, etc.) are edited out before analysis
and the video's ground truths are obtained for performance evaluation.

6.1 Content Type Simulations

First of all, audio and face features are used to segment the video into dialogue and
non-dialogue shots. More than 2-state topologies are not used, since more state
(scene) types do not have any semantic meaning. The results (Table 1) indicate that
audio and face features alone are not successful in segmentation of the sample set.
Closer examination of the results reveals that the videos are highly under-segmented.

Table 1. Recall / precision values for different HMM topologies using audio and face features

Audio, face
Recall / precision 2-state
Type I 0.139/1.000
Type 11 0.450 /1.000

The next experiment adds the location change feature to the system, and this time
3- and 4-state topologies are used as well, since location changes imply transitions.
The results in Table 2 show that dialogue-driven (Type 1) content is segmented quite
well with this set of features, using the 2-state topology. Generally Content Type [ is
better segmented than Content Type II with this feature set.



Table 2. Recall / precision values for different HMM topologies using audio, face and location
change features

Audio, face, location change

Recall / precision 2-state 3-state 4-state
Type 1 1.000/0.742 0.778/0.489 0.584/0.548
Type 11 0.741/0.784 0.584/0.438 0.800/0.648

After adding the motion activity feature to the observation set, the performance de-
creases (Table 3). Scenes are observed to be over-segmented, although Content Fype
I still has better results.

Table 3. Recall / precision values for different HMM topologies using audio, face, location
change and motion activity features

Audio, face, location change, motion activity

Recall / precision 3-state 4-state
Type I 0.750 / 0.430 0.611/0.389
Type II 0.416/0.122 0.458 /0.198

The final experiment in this phase involves motion activity and location change
features, and topologies with more than two states. As observed in Table 4, this time
content of Type Il is segmented with 95% recall and 80% precision using a 3-state
topology.

Table 4. Recall / precision values for different HMM topologies using location change and
motion activity features

Location change, motion activity

Recall / precision 3-state 4-state
Type I 0.694/0.363 0.806/0.568
Type Il 0.950 / 0.800 0.742/0.800

These results indicate important conclusions. The second observation set (audio,
face and location change) is suitable for segmentation of Type I videos. This is ex-
pected, since Type I video are made up mainly of dialogue scenes (face, speech and
no-change), and non-dialogue shots (not face and speech), or location change shots
acting as scene boundaries. On the other hand, the fourth observation set (location
change and motion activity) is observed to be suitable for segmentation of Type 11
video, since they are comprised of scenes having different motion activity content;
For this case, location change shots act as transition scenes and rest of the video is
segmented into high-action and low-action scenes. The final point to emphasize is
utilization of all features for segmentation degrades performance.

Figure 3 shows two sample results from both content types. Video sequences are
segmented into their scenes. The graphs show consecutive scenes in different colors.
Scene boundaries (i.e. points at which colors change) are relevant, colors of individ-
ual scenes are not.
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Fig. 3. Sample simulation results a) Dialog-driven (Type I), b) Action-driven (Type II). Con-

secutive scenes are colored differently; the actual colors (black or white) are irrelevant.

6.2 Comparison with Deterministic Approaches

The performance of the popular “semantic-level table of content construction tech-
nique” [1] is shown in Table 5. For the HMM-based method, the best performarnces
for different content types are tabulated. For Type I content, audio, face and location
change features are used with 2-state HMM topology, whereas for Type II content, -

location change and motion activity features on 3-state topology are utilized.

Table 5. Rule-Based vs. best performance HMM results

Recall / precision  Deterministic [1} HMM for TypeI HMM for Type Il

Type [ 0.806 /0.410 1.000/0.742 0.694 /0.363
Type II 0.734/0.764 0.741/0.784 0.950 / 0.800




...

Results show that HMM-based method outperforms deterministic method with
both types. Using different models for different content types is due to the flexibility
of HMM-based strategy, which is not possible for deterministic approaches.

7 Conclusions and Future Work

An automatic HMM-based video segmentation scheme is presented. The method
extracts four low-level features and generates scene structure information from these
features. The necessity of different model topologies and observation sets for seg-
menting different content types is emphasized and verified through simulations con-
ducted on two sample content types. Proposed method is also compared with an exist-
ing deterministic approach [1] and enjoyed a higher performance.

More models and features will be added to the system, and the possibility of auto-
matically detecting a video’s content type will be investigated. Modeling segments of
videos instead of modeling entire videos will be evaluated as a new path to follow.
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ABSTRACT

It is possible to index and manage large video archives in
a more efficient manner by detecting and recognizing text
within video frames. There are some inherent properties
of videotext, such as distinguishing texture, higher
contrast against background, and uniform color, making it
detectable. By employing these properties, it is possible to
detect text regions and binarize the image for character
recognition. In this paper, a complete framework for
detection and recognition of videotext is presented. The
resuits from Gabor-based texture analysis, contrast-based
segmentation and color homogeneity are merged to obtain
minimum number of candidate regions before
binarization. The performance of the system is tested for
its recognition rate for various combinations and it is
observed that the results give recognition rates, reasonable
for most practical purposes.

1. INTRODUCTION

Content-based information retrieval from digital video
databases and media archives is a challenging problem
and is rapidly gaining widespread research and
commercial interest. In order to be able to index video
sequences for retrieval, it is necessary to produce the
natural language representation of the sequence
automatically. This representation can most directly be
extracted from information carriers, such as voice and
text, but annotational information often appears only in
image text. Such annotations are usually of readable
quality, and may contain keywords, facilitate indexing.

The use of textual information as a key for an indexing
system requires conversion of videotext present in image
to ASCII form, which is commonly known as Optical
Character Recognition (OCR) process. Unfortunately,
commercially available OCR systems are designed for
recognition of characters in printed documents {1]. The
characters in these documents appear in uniform color on
a clean background and the document is typically scanned
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in high resolution. Therefore, to be able to employ OCR
for videotext requires segmentation of characters from
background, which is usually arbitrarily complex.

For OCR systems to recognize characters efficiently, a
video frame should be converted into a black and white
image, where pixels on the characters of the videotext are
black and the remaining pixels are white. This operation is
not straightforward, since character pixels are often
composed of a range of intensities and the boundary
between the character region and the background is not
perfectly defined. Hence, the binarization process should
utilize all the distinctive properties of videotext, such as
texture, high contrast, uniform color and constrained size.
In this manuscript, a novel algorithm is proposed by
utilizing all these properties and is fully tested including
final character recognition stage.

2. RELATED WORK

The current research can be mainly divided into two major
classes: connected-component-based approaches [5,6,71,
and texture-based methods [3,4,8,9]. While the former
tries to find characters as closed regions containing
uniform color, the latter considers the text as a special
class of texture. The boundary between these two methods
is not very clear and there are also some hybrid
approaches [2] that utilize both of these approaches.
Connected component-based approaches require high
contrast and resolution in order to give an acceptable
performance. Neighboring regions with similar eolor
values, i.e. low contrast, may usually yield erronegous
segmentation of the text [5,6,10]. In some methods, the
assumption of having monochrome text or, a monochrome
background surrounding the text is another limiting factor
for the general performance [7]. Moreover, finding
characters as a single closed region is.only possible by
utilizing high-resolution images [2]. However, for video
indexing, such constraints are far not practical.

Among various texture-based text detection algorithms,
the main difference is due to their representation of the
texture. The main idea behind texture  analysis is



quantifying the distribution of different edge orientations.
Among different models, Gabor filters with various
orientations [8] or simple edge detectors for finding a
specific direction [4] or multiresolution wavelet filtering
[3,9] can be used for analyzing texture.

Existing work on videotext detection and recognition
generally ' suffers from lack of robustness. Connected
component-based techniques are more general in the sense
that texture-based methods are usually based on
assumptions about videotext character size. On the other
hand, texture-based methods offer more reliability.
Finally, the performance of these methods in practical
applications is still not clear, since most of the proposed
algorithms are not tested using quantitative character
recognition results after the OCR stage.

3. VIDEOTEXT DETECTION

The binarization process for videotext extraction should
ideally remove all image components other than videotext
characters. Since the problem cannot be solved at global
or pixel level, it is necessary to employ regional and
object level image analysis [11].

Candidate regions are the areas of interest that have the
possibility of containing text. The essence of the problem
is finding the candidate regions efficiently by the help of
all available information. In order to produce the binary
image, which will be fed to the OCR for recognition, all
candidate regions should be binarized locally with an
appropriate threshold value specific to that region. The
whole process can be summarized as in Fig. 1.

Figure 1: Block diagram overview of videotext detection
and recognition process.

In order to find the candidate regions before binarization,
texture, contrast and color-based segmentation results are
obtained and they are appropriately merged to determine
final set of candidate regions.

3.1 Texture Analysis for Candidate Region Extraction

Gabor filters have been one of the major tools for texture
analysis [12,13] and also been utilized in videotext
detection [8]. This technique has the advantage of
analyzing texture in an unlimited number of directions
and scales. This flexibility is very useful for videotext

detection due to appearance of the videotext character
edges in a diverse range of directions [8].
In our proposed method, a set:of Gabor filters with'a

single scale and 8 different orientations are used to
produce an eight dimensional feature vector for each
16x16 block of the image. A pre-trained  feedforward
neural network classifies this vector as text or non-text. In
Fig. 2, a typical example video frame with its neural
network output is shown.

Figure 2: A typical Gabor-based texture analysis result.

3.2 Contrast-based Candidate Region Segmentation

Another important  distinctive . property - of - ‘videotext
regions is their high. contrast against background. For
contrast analysis, a simple contrast measure proposed by
Lienhart et. al. [6] is used. In this method, a binary
contrast image is derived for each video frame. The
absolute local contrast at position /(x;y) is‘measured by

Cloy) = XY G 6, 9) - [(x =k y =1}
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where G,; denotes a 2D Gaussian smoothing filter, and r
denotes the size of the local neighborhood. The value
obtained by this measure is thresholded to get rid of the
low contrast regions. Using the contrast-image, the pixels,
which show sufficiently high absolute local contrast, are
marked with 1 whereas the rest is marked as 0. Fig.3
shows a contrast i d its thresholded i

Figure 3: Contrast image and thresholded result,

3.3 Homogenous Color Region Segmentation

Segmenting the image into homogenous color regions is
necessary in order to eliminate a set of regions from being
a candidate to videotext areas. Hence, the image is
decomposed into non-overlapping regions with color
homogeneity. Although, many different methods can be
utilized, a simple criterion is used to group pixels whose
absolute gray level differences do not exceed § within a
region (after simulations, & is selected as 20). After this
recursive segmentation, regions, which cannol represent a
character based on their areas, are marked as background
and removed. In this approach, a region is identified as
non-videotext and removed, if its height is greater than
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1/8 of image height or its width is greater than 1/8 of
image width. In Fig. 4, a typical video frame and the
extracted candidate regions using region analysis are

presented.
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Figure 4: Removing non-text regions based on color

3.4. Regional Thresholding

The idea of binarization with regional thresholding is
originally proposed by Dorai et.al. [10]. In their work, the
candidate regions are first extracted by simple region
analysis, but this approach suffers from the high amount
of non-character regions, which cannot be eliminated by
any heuristics or shape analysis. By combining texture
and contrast-based videotext detection, which narrow
regions of interest to text box level to support region
analysis, limitations of region analysis may be eliminated.
In our approach, iterative thresholding and boundary
enhancement [10] methods are applied consecutively to
each candidate region. While iterative thresholding
calculates the threshold between two regions by averaging
the mean intensities using T=(u,+pz»2, the boundary
enhancement method uses an average of intensities in the
circumscribing boundary and inside the region.

T = (Z I, + Y I,)/(Nc, +N,)

After simulations, the results favor the consecutive
utilization of these two methods.

4, EXPERIMENTAL RESULTS

Since the optimal combination between different
candidate region detection strategies is not known, the
simulations determine the best way to merge texture,
contrast and color-based region segmentation results. The
whole process is illustrated in Fig. 5. The input image,
Fig.5.(a), is analyzed for its texture and color
homogeneity in Fig.5.(b) and Fig.5.(c), respectively, in
parallel (this approach is just for the particular example;
contrast analysis may also be added). The intersection of
the outputs of these parallel threads forms the input for the
thresholding step, Fig.5.(d). After thresholding, a mask
image is obtained in Fig.5.(¢) where the candidate regions
are formed by grouping connected pixels above a
threshold. After thresholding, simple heuristics, such as
vertical character alignment, is applied to image and
binary image in Fig.5.(f) is formed before the OCR step.
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Figure 5: Pre-OCR steps : (a) originai image (b) texture
analysis output (c) region analysis output (d) Pre-
thresholding output (e) Thresholding output (f) Heuristic
improvement output

The experimental set is composed of 30 typical video
frames of size 352x288, containing 964 characters.
During experiments, evaluation of videotext binarization
alternatives is based on both subjective and objective
measures. Following the approach in [10]}, a subjective
measure binarization rate is obtained by simply counting
the number of “readable” binary characters inside the final
mask. The OCR-based character recognition rate is also
determined by using an commercial OCR (ABBYY
FineReader 5.0) to obtain the most objective measure for
the performance. None of the previous videotext detection
methods has published their performance with an OCR.
Summary of the results for videotext recognition
experiments are given Table 1.

Candidate region | Binarization | Recognition
detection rate rate
- - %25
R.A. + CA. %34 %57
R.A.+T.A. %91 %59
RA.+CA+TA. %381 %56
R.A.+P.TB.D. %97 %66

Table 1: Summary of experimental results: R.A.:Region
Analysis, C.A.:Contrast Analysis, T.A..Texture Analysis,
P T.B.D.: Perfect (manual) Text Box Detection.

As shown in Table 1, different combinations of
algorithms result in various recognition rates. The best
performance is achieved when region analysis and texture
analysis are used in parallel before binarization. A similar
result, in fact the second maximum recognition rate, is
achieved when region analysis is used in parallel with
contrast analysis. In the last experiment, the text boxes are
placed manually instead of automatic analysis and an
upper bound for the performance is obtained. The
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performance of the resulting system can be examined at
BilVMS video management system [14].

5. DISCUSSION AND CONCLUSIONS

Throughout the review of the related work, it is observed
that none of the proposed methods are mature enough to
be accepted as a standard framework. However, as the
literature suggests, the use of distinctive properties of
videotext leads to a relatively high accuracy in detection
of videotext character regions. This work is also
concentrated on the use of these distinctive properties.

By employing contrast analysis and/or texture analysis,
one can narrow the regions of interest, i.e. candidate
character regions to textbox level. Additional analysis of
homogeneous regions, further resolves the regions even to
character level, since large homogeneous regions outside
the textbox are usually connected to the regions between
characters of videotext. The use of region analysis alone,
however, does not give satisfactory results, since there
usually exists a lot of non-character homogeneous
regions, most of which cannot be eliminated by shape
analysis or any heuristics. Therefore, region analysis
should be supported with texture and/or contrast analysis
in order to reduce the candidate regions to characters of
videotext.

As can be seen from the experimental results, the use of
contrast analysis with texture analysis together, decreases
the recognition rate with respect to texture or contrast
cases alone. This is due to the fact that both methods carry
similar information and have drawbacks that limit the
success of recognition. It is possible to conclude that
contrast analysis and texture analysis techniques should be
considered as alternatives to each other. The drawbacks of
texture analysis are the limited block size and need for
supervised training, whereas the main drawback of
contrast analysis is the “over the average contrast
videotext region” assumption. On the other hand, texture
analysis is much more accurate than contrast analysis and
contrast analysis is computationally much simpler than
texture analysis.

The proposed system is quite successful for the images
where a uniform colored frame surrounds the videotext
and/or the characters of videotext are large and have high
contrast with the surrounding background. As the
character size reduces and the background complexity
increases the recognition rate decreases. The overall
performance of the system can be highly dependent on the
low resolution of images, since the OCR utilized during
simulations (as well as many other OCRs), requires high
resolution input for accurate detection.

Further improvements on the system can be achieved by
integrating information on multiple video frames. Another
possible improvement would be to make texture analysis
unsupervised to increase robustness.
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Video Adaptation for Transmission Channels by Utility Modeling
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Abstract— The satisfaction a user gets from watching a video in
a resource limited device, can be formulated by Utility Theory.
The resulting video adaptation is optimal in the sense that the
adapted video maximizes the user satisfaction, which is modeled
through subjective tests comprising of 3 independent utility
components : crispness, motion smoothness and content visibility.
These components are maximized in terms of coding parameters
by obtaining a Pareto optimal set. In this manuscript, inclusion of
transmission channel capacity into the subjective utility model of
user satisfaction is addressed. It is proposed that using the
maximum channel capacity as a restriction metric, certain
members of the Pareto optimal solution set can be eliminated such
that the remaining members are suitable for transmission through
the given channel. Once the reduced solution set is obtained, an
additional figure of merit can be used to pick a single solution
from this set, depending on the application scenario.

I. INTRODUCTION

The process of modifying a given representation of a video into
another representation, in order to change the amount of resources
required for transmitting, decoding and displaying video is defined as
video adaptation [1]. The first reference to utility theory in the context
of video adaptation appears in [2]. [n a more theoretical approach,
only a conceptual framework that models adaptation, as well as
resource, utility and the relationships in between, are presented [3]. A
content-based utility function predictor is also proposed [4), in which
the system extracts compressed domain features in real time and uses
content-based pattern classification and regression to obtain a
prediction to the utility function. However, the utility value,
corresponding to a given adaptation of a video, is presented as a
function of the video bit-rate [4], which contradicts the subjective
nature of the utility concept.

In [10], a novel method to determine an optimal video adaptation
scheme, given the properties of an end-terminal, on which the video is
to be displayed, is proposed. Utility Theory [5] is utilized to model a
strictly subjective quantity, satisfaction, a user will get from watching
a certain video clip. The satisfaction is formulated as comprising 3
independent utilities, each depending on certain video coding
parameters.

In this manuscript, the effect of transmission channel capacity on
the previously proposed subjective models [10] is addressed. The
incorporation of the channel capacity effect to the models in [10]
results in a complete formulation of the overall user experience in a
multimedia delivery scenario from the content server to the mobile
user terminal, as depicted in Figure 1.

II. PROPOSED ADAPTATIONSYSTEM

The main aim of this paper is quantitatively determining the
“satisfaction” a user gets from watching a video clip on a resource
limited device, as a function of video coding parameters, the terminal
device properties and also the capacity of the communication channel.
Initially, the subjective satisfaction of the user is modeled ignoring
channel capacity [10]. Subsequently, the effects of finite channel
capacity are incorporated into the proposed model.
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Figure 1. Delivery of the multimedia content from the
media server to mobile terminal

A novel approach to obtain the utility function for the problem
above, is proposed. The problem is considered as a multiple objective
utility formulation. The overall utility function is decomposed into 3
independent components, such that the satisfaction associated with
any one of these terms can be considered as independent from every
other component. These terms are determined as:

= “Crispness” utility of a video clip,
»  “Motion-smoothness” utility of a video clip,
s “Content visibility” utility of a video clip.

The reason for such decomposition is due to the perceptual
independence of the proposed sub-objectives. In other words, video
frames with very low distortion might be displayed in a non-smooth
manner in time or a motion smooth video can independently have a
very low spatial resolution. When the above decomposition is
performed, the sub-objectives can be easily modeled as simpler
functions of the video coding parameters by using the parametric
approach of the Utility Theory [5].

A. Crispness Utility

Crispness, whose subjective nature enables it to be modeled by utility
theoty, is basically the perceptual similarity between the intensity
edges in a digitized and compressed video, and the edges in a real-life
scene, as perceived by a human viewer. The most dominating
parameter, affecting the crispness of a video, is the number of bits per
pixel (bpp) for a fixed encoder performance. In order to express the
encoded bpp in terms of the coding parameters, the bit-rate needs to be
normalized by both frame rate and spatial resolution. Hence, the first
compenent of the overall utility function can be formulated as

1 (coded bits per pixel }= Ucr

crisp isp (CBR{CFRCSR})

=Uppyqp (CBRCSRCFR) M
where CBR, CSR, CFR stand for Coded Bit Rate, Coded Spatial
Resolution, and Coded Frame Rate, respectively. It should be noted
that all video coding parameters are referred as coded parameters,
since these factors can be viewed differently, when video is rendered
on the screen of a resource limited device.

It has been shown that perceived crispness of a video increases
substantially, as bpp value is increased [6]. However, this increase



reaches to saturation after a range of values for bpp is exceeded. This
saturation is due to the inability of the HVS to discern the difference
in crispness of a picture, resulting from increasing bpp value beyond a
certain point [7]. The crispness utility is also expected to depend on
the CSR of the video, since perception of crispness for a given picture
is related also to its resolution. In the light of the above observations it
can be asserted that, the utility of crispness curve should have an
exponential form, as expressed by the following formula where ¢,
(CSR) is to be determined from subjective experiments. :
.c[(CsR)___.C_B_“___
Uqyigp CBR.CSR.CFR) =1-¢ CFR CSR @
It has been shown that the perception of crispness depends on the
texture content of the image under evaluation [6). This effect can be
incorporated into the proposed model by using any metric extracted
from the video describing its texture and using a modified ¢,
expression which is a function of this metric. Subjective tests related
to the perception of crispness have been performed for different
videos, having significantly varying levels of texture and the results
are presented [10]. A subset of all these subjective test results can be
found in Section IL.D.

B. Motion Smoothness Utility

Motion-smoothness is also another subjective phenomenon, indicating
the perceptual similarity of temporal motion of an event in real world,
and the motion observed through the succession of video frames. The
motion smoothness of a video clip can be modeled as a function of
CFR only, if the resource constraints of the user terminals are not
taken into consideration. However, the observed frame rate during
playback in a user terminal will generally not be equal to the CFR, due

to resource limitations.
Intuitively, the frame rate, at which the “observed frame rate”

deviates from the original coded frame rate, should depend on the
CBR and CPU. Hence, it can be stated that the motion smoothness of a
video, being observed on a user terminal, should depend on the frame
rate at which the video was originally coded, the bit rate of video, and
obviously, CPU of the end terminal. Thus, the functional
representation for the second component of the utility function is
determined as
U oo (CFR,CBR,CPU)

Intuitively, the motion smoothness utility is expected to increase up
to a point in an exponential form with increasing CFR and then reach
to saturation (similar to the increase in crispness utility with increasing
bpp). This effect has been demonstrated through subjective tests for
different content types [8]. The point at which the utility of motion
smoothness starts decreasing due to resource limitations, should
depend on the CBR of the video, as stated earlier. Hence, the motion
smoothness utility can be modeled as follows: the exact location of the
“turning point”; i.e. the frame rate at which the motion smoothness
utility starts decreasing for a given bit-rate, should be determined as a
function, FR(CBR). However, the rate of such a decrease in utility
should differ for devices with different CPU capabilities.

Without losing generality, in order to simplify the formulation, only
two different CPU configurations are utilized, while modeling the
dependence of motion smoothness utility on the CPU of the terminal
device. In other words, terminal devices, having a CPU clock
frequency higher than a predetermined threshold value, are considered
as operating in CPU High mode, while the ones having a lower clock
speed are considered to be operating in CPU Low mode. The
corresponding utility function for CPU Low is expected decrease more
rapidly, compared to that of CPU High in the CFR>FR(CBR) region.
Based on the reasonming above, the utility function model in (3) is
proposed. Note that, “time constants” of the exponential terms, smy,

smy, smoy and smyy, for CPU High and CPU Low cases are different
functions of CBR, yielding different increase and decrease rates at
each CBR. It has been shown that the perceived motion jerkiness of a
video depends also on the viewed content [8]. The results of the
subjective tests in Section IL.D indicate that for a low-motion content
video, motion smoothness does not decrease, i.e. enter saturation, even
at the highest bit-rate.

Usmocth(CFR GBR. CPU) S R =P o ton
= W
snLedm‘L(GR. FRL(CEO) aR> FRL(CB{)
1e oA R (OFR <= FR(CBR) (3)
Ussmooh(CFR, CBR CPU) = (PR FR (R CPUHgh
g+ Ry CFR > FRy (CBR)

R o Elﬂ snLHxl-e'm”FR’*" -

This effect can be easily incorporated into the model by considering
a video motion activity measure (e.g. MPEG-7 motion activity
descriptor) and using modified FR and sm expressions that are also

functions of this measure, as well as the CBR.

C. Content Visibility Utility

Content visibility utility is simply related to the comprehensibility and
visibility of the video content with respect to its resolution and the
screen size of the terminal.

The utility of the content visibility of a video clip should depend on
two factors: Initial CSR of the video and the screen size of the user
terminal. A video, can only be viewed partially, i.e. either cropped or
down sampled, on a terminal whose screen size is smaller than the
CSR of this video. The results of the subjective tests in the proceeding
section show that cropping results in reduced user satisfaction, as
expected. On the other hand, down sampling does not further reduce
the satisfaction and should yield a saturated satisfaction after CSR
exceeds the screen size. For both of these cases, the final component
of the utility function is prototyped as follows:

U cv(CSR’ Screen Size)

Considering only the cropped case, the utility of the content
visibility of a video clip is expected to increase in a similar fashion to
(2) and (3), up to the point at which the spatial resolution becomes
equal to the screen size of the terminal. After that point, in case of
cropping, the utility is expected to decline conforming to the following
equation:

-5 CSR

. 1—e CSR < ScreenSize
U cv(CSR.ScreenS:ze) =1 s (CSR~-ScreenSize)
se 2 CSR > ScreenSize 4
=1 g~ ScreenSize 1 ) 1
s=l-e 51 ¢ ToreenSize 51 % ToreenSize

The parameters s, and s, should be both inversely proportional with
the screen size of the terminal, since the increase or decrease in utility
is expected to happen more abruptly in devices with smaller screen
sizes. Similar to prior discussions, it should be noted that different
types of content type might affect the proposed models in various
ways. For instance, on close-up shots where the content fills the whole
screen, the utility might decrease more suddenly, when the video
frame is cropped, whereas on shots for which the scene mainly
consists of a repeating pattern, such an effect may not be the case.
These effects can be incorporated into the model by using a metric that
defines the distribution of the content within the scene and using
modified 5,, 5, expressions which are functions of this metric.

D. Subjective Tests for Determining Utility Functions
In the next step, the utility associated with each sub-objective is



determined for various video coding parameters and terminal
characteristics by a series of subjective evaluation experiments. These
experiments are performed in accordance with the principles stated in
ITU-R 300-11 Subjective Television Picture Assessment Standard [8].
The tests were performed on a Siemens Pocket LOOX 600 Personal
Digital Assistant (PDA). The selected test method is the Double
Stimulus Impairment Scale (DSIS) [8).
Figure 2(a) illustrates the results of subjective tests related to the

utility of crispness for a high texture image from a sitcom.
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Figure 2(b): Subjective Test Results
for Utility of Motion Smoothness for
high motion content (High CPU)

Figure 2(a): Subjective Test
Results for Utility of Crispness
for high textured content.

Figures 2(b), 3(a), and 3(b) illustrate the results of subjective tests
related to the utility of motion smoothness. While Figures 2(b) and
3(a) demonstrate the results for a high-motion soccer video for the
high CPU and the low CPU cases respectively, Figure 3(b) shows the
results for a very low motion content video,  consisting of an
anchorman with only limited head motion for the high CPU case.
Figure 3(b) shows that even for a video encoded with 250 Kbits/s, the
end terminal is able to decode this low-motion video in real time. This
result is expected, since motion compensation, which is an
computationally expensive phase of the decoding process (quite
demanding especially for a PDA), is less utilized for such a static
video, in comparison to the active video of Figures 2(b) and 3(a).
Figure 4(a) illustrates the resuits of subjective tests related to the
utility of content visibility for a sequence containing a close-up
recording of a dialogue scene. Figure 4(b) shows the system
recommended videos, being displayed on a typical PDA for which the
simulations are performed. These images are captured from video
sequences, available at www.eee.metu.edu.tr/~alatan/adapt.

In order to obtain the overall utility equation, it is necessary to
determine the parametric functions, utilized in the proposed models
for the individual utilities. Using the results of the subjective
evaluation tests, these functions are obtained in terms of CBR, CFR
and CSR by simple least squares fitting.

E. Finding Optimal Set of Encoding Parameters

After determining all the utility components, the next goal is to
determine the set of encoding parameters which maximize these
components for a given device. For such multiple criteria optimization
problems, finding the Pareto optimal solution set is often the first step
towards obtaining the optimal solution, since a dominated solution can
not be optimal {10].

In order to determine the Pareto optimal set, a 3-D parameter space,
formed from bit-rate (BR), frame rate (FR) and the spatial resolution
(SR), can be sampled, so that a finite set of points (BR,FR,SR) is
obtained. The values for the individual sub objectives are calculated
for each point in this space for a given user terminal. Note that at this
stage, each (BR,FR,SR) triplet together with the user terminal

parameters is mapped into another vector U(Ug,Upns,Ucy), composed
of the utility values for the individual sub utilities. In order to
determine the optimal solution, the non-dominated U vectors are
selected form the Pareto optimal set of utility components [11]. This
set, being Pareto optimal, contains only the vectors for which it is not
possible to find another solution vector having al/ the component
utilities larger than the corresponding component utilities of the
member vector. The Pareto optimal set can be further refined, by
discarding the solutions for which the value of any one of the
component utilities is so low that the dissatisfaction associated with it
impairs the judgment of the overall utility. In other words, any of the
individual utilities of a member vector can not be less than a
predetermined threshold (which is heuristically chosen as 20% of the
maximum possible utility). Such a restriction reinforces the
assumption of independence between the component utilities, since it
does not allow severely impaired videos ta enter the solution set.
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Figure 3(3): Subjective Test Results Figure 3(b): Subjective Test Results
for Utility of Motion Smoothness
for high motion content (Low CPU)

for Utility of Motion Smoothness
for low motion content (High CPU)
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Figure 4(b): Compaq IPAQ displaying

Figure 4(a): Subjective Test
video at recommended parameters.

Results for Utility of Content
Visibility Close-Up Recording
Once the Pareto optimal set is determined, the effect of finite
channel capacity can be considered. For a given maximum channel
capacity, the members of the Pareto optimal set having associated bit-
rate (BR) values higher than this capacity are discarded from the
Pareto optimal set. The remaining members are all suited for
transmission through the given channel. In order to choose a specific
solution from the remaining members, an additional figure of merit
needs to be selected. In the simulations presented in the following
section the solution having the highest associated bit-rate, i.e. the bit
rate closest to the channel capacity, has been chosen so as to utilize
the channel to the fullest extent. Choosing another criterion to select a
specific member of the set, such as having the highest motion
smoothness utility or highest crispness utility are equally valid.



[II. SIMULATIONS

A.  Effects of Finite Channel Capacity

3D parameter space is sampled into 6000 discrete points. Then, the
Pareto optimal solution set is obtained by using the procedure outlined
in Section [LE. If there are no restrictions on the channel capacity, the
Pareto optimal set contains 1234 members. Figure 5 shows the
members of the Pareto optimal set when the maximum channel
capacity is restricted to 75 Kbits/s. 92 members have associated bit
rates lower than the specified capacity. The marked solution is chosen,
as it has the highest associated bit-rate, i.e. the bit rate closest to the
channel capacity as specified in the previous section.

Figure 5. The Pareto optimal utility vectors
for a channel with capacity 75 Kbits/s

When the maximum channel capacity is increased to 100 Kbits/s,
211 members out of the initial 1234 remain in the solution set. The
solution that has the highest associated bit-rate is once again marked
in the plot. The total execution time required to obtain the Pareto
optimal set is slightly less than 2 seconds in a Intel Pentium III laptop
computer.

IV. CONCLUSIONS

The main contribution of this paper is inclusion of transmission
channel capacity into the previously proposed subjective utility
models for user viewing satisfaction in resource limited devices. It has
been shown that using the maximum channel capacity as a restriction
metric, certain members of the Pareto optimal solution set can
eliminated such that the remaining members are suitable for
transmission through the given channel. Once the reduced Pareto
optimal set is obtained, an additional figure of merit can be used to
pick a single solution from this set depending the application scenario.
Finally, it should be stated the proposed utility models for video
adaptation scenario is quite generic in the sense that different content
types or channel capacity restrictions, can still be incorporated into
these models.

Uiy of Motion Smoothiess.

Figure 6 : The Pareto optimal utility vectors
for a channel with capacity 100 Kbits/s
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ABSTRACT

The diversity of user terminals that can be used to access
muitimedia content, necessitates the tailoring of the
content according to the computational capabilities of the
terminals. Optimal video adaptation based on multimedia
playback device characteristics is addressed. The
adaptation is optimal in the sense that, the adapted video
maximizes the user satistaction. Utility Theory is used to
formulate the satisfaction a user gets from watching a
video. A novel approach to divide the user satisfaction
into three independent components is proposed. The
individual components are modelled by exponential
curves and their weighted sum is used as the overall
satisfaction or ‘utility’ function. The combination of
trade-off weights that result in highest user satisfaction
are obtained through experiments with different device
characteristics. The global maximum of the utility
function is found by simulated annealing.

1. INTRODUCTION

One of the major challenges obscuring the path
towards enjoying mobile multimedia, is delivering the
muitimedia content to various mobile terminals across a
wide range of networks[l].This issue has attracted
considerable attention in the signal processing community.
The concept of Universal Multimedia Access (UMA) has
been devised to deal with this problem. UMA aims to
detiver rich multimedia content to terminals with different
processing capabilities, across heterogeneous networks,
tailored to specific user preferences. This task is quite
challenging. The solution requires frequently adjusting the
resource requirements of the video as the video traverses
the interconnected networks from the satellite to the mobile
terminal, because different networks and terminals will
certainly have different capacities and characteristics. The
process of changing a given representation of a video to a
different representation, in order to change the amount of
resources required to transmit, decode and playback the
video is called video adaptation.

In this paper, a method to compute the optimal video
adaptation scheme, given the properties of the end terminal
on which the video will be displayed, is proposed. Utility
Theory is utilized to construct models, that are fitted to
results of subjective evaluation tests, to formulate the
satisfaction a user gets from watching a certain video clip.
The ‘utility function’ obtained as described above is
maximized to obtain the representation of the video that
results in highest user satisfaction.

In the next section the related work in the literature is

investigated. In Section 3, utility theory is introduced. In
Section 4, the proposed system is detailed. Simulations are

presented in Section 5 and the paper ends with conclusions
in Section 6.

2. RELATED WORK

In [3] a conceptual framework to model adaptation,
resource, utility and the relationships between them is
presented. The term entity is defined to be a chunk of video
that shares a certain consistent property, and it is also
labelled as the data unit that undergoes adaptation.
Objective measures such as the SNR, coherence, temporal
smoothness are used to measure utility. The optimal video
adaptation problem is formulated as, finding the adaptation
operation that maximizes the utility of the adapted entity
given the original entity and resource constraints.
Objective measures fail to model human satisfaction
adequately, to obtain an acceptably accurate model, a
multitude of attributes need to be extracted from the video,
and this significantly increases the computational
complexity of the system.In [2] a system to adapt
muitimedia web content to match the capabilities of the
device requesting it, is introduced. The system has two
components; The InfoPyramid which creates and stores,
multimodal and multi-resolution representations of the
multimedia content and the Customizer that selects the
representation of the content from the various available
versions in the InfoPyramid. Considering the diversity of
the terminals that can be used to access multimedia
content, an optimal representation for each one of the
different terminals can not be obtained from a
predetermined set of representations.

3. UTILITY THEORY

The fundamental motive of utility theory is, to represent
the satisfaction or expected utility of a resource as a
function of the amount of that resource. If this can be
accomplished, the most efficent allocation of a resource
can be identified among various alternatives. There are two
methods to obtain the utility function of a resource in
utility theory. Both of these methods rely on subjective
utilities provided by individual(s) representing the
community for which the utilities need to be determined :

I. Eliciting the utility values directly from the
individual, by presenting the best and worst possible
results and asking the individual to determine the
relative satisfaction of all the remaining points of the
utility function.

2, Assigning an exponential form to the utility function
such as
U(x)=xS OR U(x)=(1-¢e"°) 3.1

and trying to estimate the value of the parameter ‘c’ in the
above equations, again by presenting the best and worst
possible results and asking the evaluator to provide a few




more points to be able to obtain a reliable estimate for the
value of *¢’.

In some cases it might be necessary to consider
multiple objectives when trying to find the utility
associated with an alternative, In other words the total
satisfaction might depend on more than one kind of
resource. In such a case, if the satisfaction on any one of
the objectives is independent from the satisfaction from
every other objective, the additive utility function can be
used to obtain the total satisfaction as illustrated in
Equation (3.2). The additive utility function is simply the
weighted sum of the individual objectives. The weights
associated with the components of the overall utility
function in (3.2), represent the relative importance of the
individual objectives.

{ZZ;MM]&W,U(M,,) + w,Ulobj,) +.4 w Ulob) (3.2)

4. PROPOSED SYSTEM

The main aim of this paper is to accurately determine the
“satisfaction” a user gets from watching a video clip on a
resource limited device, as a function of video coding
parameters and the terminal device properties. For a given
terminal (CPU and the Screen Size values are taken into
consideration), the user satisfaction is evaluated as the
video coding parameters i.c. bit rate, frame rate and spatial
resolution are varied. Constructing a utility function for
this problem requires conducting a very large number of
experiments even if the second method illustrated by Eqn.
(3.1) is used. Since the utility is a function of 5 different
variables, expressing the utility as a simple exponential
function as in (3.1) is actually not possible.

A novel approach to obtain the utility function for the
above problem is proposed. The problem is considered as a
multiple objective utility formulation. The overall utility
function is decomposed into three independent components
such that, the satisfaction associated with any one of the
components is independent from every other component.
These components are determined as:

1. the “crispness” utility of a video clip
2 the “motion-smoothness” utility of a video clip
3. the spatial resolution utility of a video clip

The reason of such a decomposition is the
independence between the components, and the fact that
these com-ponents can be expressed as simple functions of
the video coding parameters previously mentioned. The
components will be referred to as sub-objectives from this
point on.

4.1 Crispness

The most accurate measure of the crispness of a video is
probably the number of bits encoded per pixel(bpp). In
order to express encoded bpp in terms of the coding
parameters, the bit-rate needs to be divided by both frame
rate and spatial resolution. In other words, the first
component of the overall utility function should depend on
all three video coding parameters. Hence, the first
component of the overall utility function, the utility or
satisfaction a user will get from the crispness of a video

clip, can be formulated as
| Uy (CBRCRCFR) = zl/;.”(cm«cr?m)f @)

= Uerisp(coded bits per pixel)
Where CBR stands for Coded Bit Rate, CSR stands for
Coded Spatial Resolution, and CFR stands for Coded

Frame Rate. It should be noted that all the video coding
parameters are referred as ‘coded’ parameters. The reason
for such a referral is that when the video is rendered on a
client device, the video parameters of the video being
played back, may not be exactly the same as the parameters
that were originally coded. - The reason for this
inconsistency is due to the resource constraints of the user
terminals. The phrase “coded” is-used to emphasize that the
values being used here, are the original encoding values of
the parameters, forced at the encoder.

4.2 Motion Smoothness

The motion smoothness of a video clip, is characterized by
the coded frame rate. The frame rate at which the motion
loses smoothness or in other words the frame rate at which,
the observed frame rate deviates fram the original coded
frame rate depends on the encoded video bit-rate. This is
expected, since decoding a high bit rate video requires
significant computational resources, and after a certain bit
rate is exceeded the CPU won’t be able to decode the video
in real time. In light of the above discussion, it can be said
that the motion smoothness of a video that will be observed
on a user terminal, should depend on the frame rate at
which the video was originally coded, the bit rate of the
video, and CPU of the end terminal. Thus, the second
component of the utility function is determined as

Usmth(CFR,CBR,CPU)

4.3 Spatial Resolution

Intuitively, the utility of the spatial resolution of a video
clip should depend on two factors: Spatial resofution that
the video is initially coded with and the screen size of the
user terminal on which the video is to be displayed. One
can easily realize that if a video, having a spatial resolution
larger than the screen size of the terminal, is transmitted to
the terminal, a portion of the video must be clipped in
order to display the video on that device. This will
inevitably result in reduced user satisfaction and should be
avoided, if possible. The final component of the utility
function is prototyped as follows:

U .. (CSR.ScreenSize)
size

4.4 Utility Function Generation

The satisfaction for each of the sub-objectives mentioned
in the previous section is assumed to be independent of the
satisfaction on every other sub-objective. For example, the
satisfaction a user gets from the motion smoothness of a
video has no relation with the crispness of the same video.
Therefore, one can use the additive utility function [5] to
determine the total satisfaction a user will get from
watching a certain video. Thus the final equation for the
utility can be obtained as follows:

Uow ) U L (CBR, CSRCFRY » wy U, 00 CFR,CHR, CPU)

4.2)
>y U’I:‘(CSR. Screen Size)

The weights, wi,w; and w;, associated with the terms of
the utility function, are to be determined by simulations.
The first step, in the process for obtaining the utility
function, is determining the general forms of the

component curves, for each sub-objective.
4.4.1 Crispness Term in Utility Function

The satisfaction a user gets from crispness of a video,
should increase substantially as the bpp value is increased
from zero, but this increase is expected to reach saturation




after a certain value of the bpp. This saturation is due to the
inability of the HVS to discern the difference in crispness
of a picture resulting from increasing the bpp value beyond
a certain point. Hence, increasing bpp value further is not
expected to result in a substantial increase in user
satisfaction on crispness.

In the light of the above observations and postulates of
utility theory[5), it can be asserted that, the utility of
crispness curve, should have an exponential form as
expressed by the following formula

CBR

“ICFR CSR

(CBRUSRCFR)=1~e ¢ @ CSR 4.3)

Ucrisp
The reason for the inclusion of the expression ¢, and
its relation with CSR, is as follows; It should be noted that
the bpp value obtained by the relation (CBR/CFR*CSR) in
the above formula, is the bpp value after compression.
Since compression algorithms use redundancy in a picture
to compress dataf[4], they have higher compression rates,
while compressing pictures with larger spatial resolution, if
pictures having more or less the same frequency content
are considered. In this case, when pictures, differing only
in their spatial resolution are compared, the picture with
the larger spatial resolution is compressed much more
efficiently, since it contains greater redundancy compared
the one with the lower spatial resolution. Therefore, bpp
value required to code a picture with a given crispness, is
smaller for the pictures having higher spatial resolutions.
In order to account for this fact, a function ¢, has been
included in the above formulation. Larger the value of ¢,
higher the crispness of a video for a given bpp value.
Hence, ¢, should be directly proportional with the CSR.

44.2 Motion Smoothness Term in Ultility Function

While increasing CFR, the second component of the utility
function, utility of motion smoothness, should increase up
to a point, in an exponential expression, similar in form, to
the utility of crispness, as shown in Eq. (4.4). The point at
which the utility of motion smoothness starts decreasing,
due to resource limitations, should depend on the coded bit
rate of the video, as stated earlier. In the formulation
above, the function FR(CBR) determines the exact location
of this point. i.e. for a given bitrate, if the frame rate is
higher than FR(CBR) the motion smoothness starts
decreasing. The formulation of the dependence of motion
smoothness utility, on the clock-speed of the CPU of the
terminal device, is simplified.
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It is performed for two ditferent clock speeds only, one
representing  AighCPU, and the other representing
lowCPU. Any CPU value input to the system, will be
classified as high or low CPU according to a simple
threshold, to make the analysis manageable.For frame
rates, where the utility is increasing (up to the limit defined
by FR), the utilities of the high CPU and the low CPU
cases are assumed to be the same. This is reasonable, since
the observed and the coded frame rates are the same up to
that point, and a particular frame rate, gives the same utility
across all platforms unless distorted by the resource
constraints. The a term in Eq. (4.4) is a constant that will

be determined based on the results of the performed
subjective tests.FR should be inversely proportional to
CBR, i.e. as the bit rate is increased, the observed frame
rate starts deviating from the coded frame rate, at smaller
frame rates. The function FR is different for the cases of
high CPU and low CPU. Severe degardation in motion
smoothness utility is expected as the CBR value increases
beyond the limits of the capacity of the CPU. To account
for this fact, two functions ¢; and ¢; are used in the above
formulation. Notice that in both expressions of Eq. (4.4),
for larger ¢, or ¢, the utility drops faster, so using ¢ and ¢,
in direct proportionality to CBR, the desired form for the
utility curves can be obtained. The point a in both
expressions is the value of utility, at which the functions
start decreasing.

4.4.3  Spatial Resolution Term in Utility Function

Finally, the utility of the spatial resolution of a video clip is
expected to increase in a similar fashion to Eqns. (4.3) and
(4.4), up to the point where the spatial resolution, becomes
equal to the physical screen size of the user terminal, After
that point, the utility is expected to decline conforming to
the following equation:

foe o R CSR $ ScreenSize
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The functions a; and ap are used to account for this
fact. Both are inversely proportional with the screen size
of the terminal. Note that, larger a, leads to a steeper
increase, in the increasing portion of the utility function,
and larger a;; means a steeper decrease in the declining
portion of the utility. Since the increase and decrease in
utility is expected to change more abruptly in devices with
smaller screen sizes, the inverse proportionality of a; and
ay with screen size is reasonable.

4.5 Subjective Test for Utility Function

The next step towards determining the components of
the utility function uniquely is a series of subjective
evaluation experiments. The experiments are performed
separately for each component. While an experiment on
one of the components is being performed, the video
coding parameters not affecting the utility of that
component are kept constant. The steps followed while
performing the experiments are as follows:

The evaluators are first shown the videos that are
considered the best and the worst for the particular
component of the utility function, for which the experiment
is being performed. For example, the video having a frame
rate of | fps is shown as the worst sample for the utility of
the motion smoothness component, whereas the video
having a frame rate of 25 fps, is presented as the best
sample. While the utility of the worst sample is fixed at 0,
and the utility of the best sample is fixed at 100, as
required by utitity theory. Obviously, the spatial resolution
of the sample videos is held constant (at 176x144 pixels)
throughout the test performed for motion smoothness. The
evaluators are shown videos, coded with different values of
the parameter(s) that has an influence on the component of
the utility being tested. The evaluators are asked grade
those samples with grades ranging between 0 and 100,
according to the satisfaction they get from watching that
video. The important point here is that they are asked to
evaluate the videos, only according to the component being

U, e (CRScrven Sizu) =

ay




tested. For example, if the motion smoothness was being
tested they are asked to express their satisfaction only
regarding the motion smoothness of the video, ignoring
their satisfaction regarding the crispness or the size of the
video.

4.8 Fitting Parameters of Utility Function

In order to illustrate the procedure, the determination of the
expression ¢; used in Eqn. (4.3) will be explained, the
other expressions and constants are determined in a similar
manner. First by rearranging Eqn. (4.3),
%? =L, )+ =0 (4.6)
Eqn. (4.6) should hold for all test data, if the Eqn. (4.3)
has no errors. Minimizing sum of squared errors with
respect to unknown ¢; gives the optimal ¢, value.
CFR CSR ~
(ot = U )+ 60
e CBR “.7)
In order to find ¢;, which makes Eqn. (4.7) minimum;
first one should take its derivative and then equate to zero
betore solving for ¢,
! CFRCSR 1
ata ) “4.8)
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In curve fitting phase, MATLAB is utilized for itsleast
squares fitting algorithm, to fit curves to the observed data,
The method minimizes swmmed square of residuals
between the observed data and the fitted curve. The
summed square of residuals is given by the following
formula

All the curves, which are fitted to the functions, are
selected as exponential fits, with the exception of &, of
Eqn. (4.5), since the exponential fit yields a high residue
for that case. Finally, for maximizing the obtained utility
function, a stochastic optimization technique, known as
simulated annealing is used. The advantage of stochastic
methods over their deterministic counterparts is having a
lower probability of getting stuck in local maxima/minima
[6,7.81.

5. SIMULATIONS

When the unknown expressions in Equations (4.3)-
(4.5) are fitted exponential functions in accordance with
the procedure presented in Section 4.6, it is observed that
the model proposed in Section (4.4} accurately accounts
for the observed experimental data. The final stage in
maximizing the utility function is obtaining the values of
the trade-off weights, wi, w2, w3, used in Eqn. (4.2), at
which the utility function has the maximum value. At this
point, the question is whether the values of trade-off
weights, at which the utility function is maximum, change
for different values of screen size and CPU; ie. for
different user terminals. A series of simulated annealing
experiments are performed to answer this question by
obtaining the optimum values of the trade-off weights, for
four different user terminals having CPU clock speed and
screen size values of (400MHz, 176x144), (400MHz,
352x288), (200 MHz, 176x144) and (200MHz, 352x288).
The trade off weights are varied between 0.1 and 0.5, in 6
discrete levels (0.1,0.2,0.3,0.33,0.4,0.5) in such a way that,
the sum (w; + w; + w;) always amounted to unity. It is seen
that -the value of the weights that maximize the utility
function do not change for different user terminals.
Although the terminals, on which the experiments, are
performed do not span the entire range of terminals, the

results are expected to be approximately ‘the same. Tt is
observed that for the four different user terminals described
above, the values of the trade-off weights that maximize
the utility function are. ' W=0.1, W:=0.4, W;=0.5.At this
point, ‘the utility function is uniquely determined.: The
optimal - values “of the video encoding parameters,
CBR,CFR and CSR, can be found for any given terminal
device. The system needs only the CPU and the screen size
of the terminal device to compute  the optimal values of the
video ‘coding parameters; using the utility function with the
weights, as determined above. ‘A - user can also specify
different: values for the weights according to his/her
personal preferences.

6. CONCLUSIONS

The main contribution of this paper is the
decomposition of the satisfaction & user gets from watching
a video into three conceptually independent components,
as the satisfaction resulting from the crispness of a video,
the satisfaction resulting from the motion smoothness of a
video and the satisfaction resulting from  the spatial
resolution of a video. It has been observed that such
decomposition enables, more accurate  subjective
evaluation of the user satisfaction. This in turn makes
possible, precise modelling of the user satisfaction in terms
of the video coding parameters. In summary, a novel
methodology, for accurately modelling user satisfaction,
using utility theory is proposed and implemented.

The system implemented in . the ' paper  work
successfully. determines the representation of a video that
will result in maximum user satisfaction, for a specific user
terminal with given CPU and screen size:
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Abstract

Transmission control protocol (TCP) with its well-established congestion control mechanism'is the prevailing trans-
port layer protocol for non-real time data in current Internet Protocol (IP) networks. It would be desirable to transmit
any type of multimedia data using TCP in order to take advantage of the extensive operational experience behind TCP
in the Internet. However, some features of TCP including retransmissions and variations in throughput and delay,
although not catastrophic for non-real time data, may result in inefficiencies for video streaming applications. In this
paper, we propose an architecture which consists of an input buffer at the server side, coupled with the congestion con-
trol mechanism of TCP at the transport layer, for efficiently streaming stored video in the best-effort Internet, The pro-
posed buffer management scheme selectively discards low priority frames from its head-end, which otherwise would
jeopardize the successful playout of high priority frames. Moreover, the proposed discarding policy is adaptive to
changes in the bandwidth available to the video stream.
© 2004 Elsevier B.V. All rights reserved.
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1. Introduction

Transmission of high quality video over the
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development of efficient video coders/decoders, the
increasing interest in applications such as video on
demand, videophone, and video conferencing, and
the ubiquity of the Internet. However, that are cer-
tain technical challenges to be overcome for effi-
ciently transmitting video over IP networks; see
for example the references [1] and [2] for an intro-
duction to the topic. These challenges stem from
the mismatch between the strict bandwidth, delay,
and loss requirements of the video applications
and the best-effort current Internet, which was
originally designed around data applications that
can tolerate loss and delay. Moreover, the instant-
enous bandwidth available to a certain user or
application changes in all time scales because of
the very dynamic nature of the Internet, making
the problem even more challenging. These charac-
teristics of the Internet led to the rise of network-
adaptive video applications for providing smooth
playout at the receiving client.

This paper addresses the problem of TCP-
friendly on-demand streaming of temporally
scalable stored video over the Internet using ser-
ver-side adaptive frame discarding. In a stored
video-on-demand system, the server prestores the
encoded video and transmits it on demand to a cli-
ent for playout in real time. The client buffers the
data and starts playout after a short delay in the
order of seconds (called the playout delay and
denoted by T,). We assume a fixed T, throughout
the paper as opposed to the adaptive playout
schemes where the client buffering delay is varied
with respect to the network conditions [3,4]. It is
this tolerability to larger playout delays that distin-
guishes the stored video streaming problem from
other video networking applications like video-
phony, video conferencing, and live video stream-
ing. It is also very desirable that once the playout
begins, it should be able to playout without any
interruption (i.e., smooth playout) until the end
of the video streaming session. Moreover, such a
transmission strategy should not jeopardize the
data flows on the same network path which use
TCP as their transport protocol, which is referred
to as the “TCP-friendliness” requirement [5-7].

For network-adaptive video transmission over
IP networks, the server adapts its video injection
rate into the network to the instantenous available

bandwidth in the network. Several mechanisms are
proposed for rate adaptation including stream
switching as in the SureStream technology pro-
vided by RealSystem G2 [8,9]; rate-adaptive video
encoding/transcoding [1], or joint use of scalable
coding (i.e., layered coding) and rate shaping via
server-side selective frame discard [10]. Bitstream
switching does not offer a fine granularity since
there are only a few bitstreams avaijlable among
which the streaming server ean switch. Rate-adap-
tive encoding is more appropriate for live video
streaming or interactive video applications as op-
posed to the stored video streaming problem we
discuss in this paper. In our work, we therefore
focus on rate adaptation using scalable encoded
bitstreams. Scalable video codecs generate two or
more bit streams, one carrying the most vital video
information, called the base layer (BL), and the
others carrying the residual information to en-
hance the quality of the base layer, which is re-
ferred to as the enhancement layers (EL) [11}. If
there is a single EL, then the corresponding scal-
able coding is called 2-layer. Several scalable vi-
deo-coding techniques have been proposed over
the past few years for real-time Internet applica-
tions in the form of several video compression
standards such as MPEG-2/4 and H.263/H.264
[11-15]. The types of scalability which are defined
in these standards can be categorized as temporal,
spatial, SNR, and object (only for MPEGA4) scala-
bility; see [16] for a general overview of layered
coding. In these structures, base and enhancement
layers are precoded at encoding time, and there-
fore their rates cannot be adjusted at transmission
time. Therefore, server-side selective frame discard
mechanisms are proposed for rate adaptation of
scalable video. These discard mechanisms intelli-
gently decide to drop some EL frames with the
goal of increasing the overall quality of the video
by taking network constraints and client QoS
requirements into consideration {10]. The more re-
cent Fine Grained Scalability (FGS) coding (see
[17]) in which the enhancement frame can be en-
coded independently with an arbitrary number of
bits and the bit rate can thus be adjusted at trans-
mission time for finer granularity is left outside the
scope of the current paper. We limit the focus of
this paper by using a 2-layer temporal scalability



...

. «mmmmmwwmwwmwwwmmm%ww%mm .

E. Giirses et al. | Computer Networks 48 (2005) 489-501 491

video encoding scheme provided by H.263 version
2 (H.263+) [13] although we note that our results
also apply to other 2-layer scalable video encoding
schemes.

Besides network adaptivity, another challenging
issue for the stored video streaming problem over
the Internet is to provide inter-protocol fairness.
Transmission Control Protocol (TCP) is the de-
facto transport protocol for data in the current
Internet. TCP is designed to offer a fully reliable
service which is suitable for applications like file
transfers, e-mail, etc. On the other hand, the alter-
native transport protocol User Datagram Protocol
(UDP) used by many current streaming applica-
tions does not possess congestion control. Conse-
quently, when UDP and TCP flows share the
same link, TCP flows reduce their rates in case of
a packet drop. This leaves most of the available
bandwidth to unresponsive UDP flows leading to
starvation of TCP traffic in case of substantial
UDP load. Some believe that the current trend in
using UDP as the transport layer without conges-
tion control can lead to a congestion collapse of
the Internet due to the rapid growth of such appli-
cations like Internet telephony, streaming video,
and on-line games [5]. Taking into consideration
the dominance of TCP in today’s Internet traffic,
it is therefore desirable that the throughput of a
video streaming session be similar to that of a
TCP flow under the same network circumstances
(ie., two sessions simulatenously using the same
network path). Such a mechanism is called TCP-
friendly and TCP friendly schemes need to be
designed to be cooperative with TCP flows by
appropriately reacting to congestion [5]. There
are a number of TCP-friendly congestion control
algorithms which have recently been proposed,
such as the rate-based Rate Adaptation Protocol
(RAP) [18], equation-based TCP-Friendly Rate
Control (TFRC) [6,7], and window-based Bino-
mial Congestion Control (BCC) [19]. The trans-
mission rates of the proposed TCP-friendly
algorithms are generally smoother than that of
TCP under stationary conditions at the expense
of reduced responsiveness to changes in the net-
work state (e.g., a new session arrival/departure
to/from the bottleneck link) [20]. Moreover, these
TCP-friendly mechanisms do not provide reliable

transfer as TCP does, making them more suitable
for real-time applications. The Datagram Conges-
tion Control Protocol (DCCP) is a new transport
protocol being developed by the IETF that pro-
vides a congestion-controlled flow of unreliable
datagrams [21]. TCP-like congestion control with-
out reliability and the equation-based TFRC [7]
form the basis for the two congestion control pro-
files ID 2 and ID 3 in the DCCP protocol suite
{22,23].

The stored video streaming problem over re-
source constrained networks, like the Internet,
has attacted the attention of many researchers.
Given network bandwidth and client buffer con-
straints, a dynamic programming algorithm with
reportedly significant computational complexity
is developed for the optimal selective frame dis-
card problem in [10] as well as several heuristic
algorithms. However, this study is unable to
accomodate the bandwidth variability patterns
of the Internet since the network bandwidth is
assumed to be fixed and a priori known. On
a similar ground, rate-distortion optimization-
based video streaming algorithms have been
developed in [24,25] that obtain scheduling poli-
cies for both new and retransmitted frames using
stochastic control principles but the proposed
methods are relatively complex and their feas-
ability remain to be seen. The reference [26] con-
siders a practical frame dropping algorithm for
MPEG streams over best-effort networks but
they neither use a TCP-friendly congestion con-
trol algorithm nor they take into account the
deadlines of frames. In [27], a dynamic frame
dropping filter for MPEG streams is proposed
in a network environment where the avail-
able bandwidth changes dynamically but this
work also lacks the TCP-friendliness component.
A number of studies focus on streaming video
using new TCP-friendly transport protocols
{18,7] while others employing TCP itself [28-
31]. One common objection to use of TCP for
streaming applications is the fully reliable service
model of TCP through retransmissions [30].
While delays due to retransmissions may not be
tolerable for interactive applications, the service
model for TCP may not be problematic for video
on demand applications, which is the scope of
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the current paper [30]. Moreover, the use of
Explicit Congestion Notification (ECN) allows
TCP to perform congestion avoidance without
losses, limiting further the potential adverse effect
of the TCP service model.

In this paper, we propose a stored video stream-
ing system architecture which consists of an input
buffer at the server side coupled with the conges-
tion control scheme of TCP at the transport layer,
for efficiently streaming stored video over the best-
effort Internet. The proposed method can be made
to work with other transport protocols including
DCCP but our choice of TCP in the current paper
as the underlying transport protocol stems from
the following reasons:

¢ Slowly-responding TCP-friendly algorithms
perform reasonably well in terms of video
throughput in stationary conditions. However,
responsiveness is especially critical in the core
of the Internet today which appears to be oper-
ating in the transient rather than in the station-
ary regime due to the large session arrival and/
or departure rates to/from the network. On the
other hand, TCP congestion control has a well-
established responsiveness to changing network
state and might be more appropriate in rapidly
changing environments.

+ TCP with its original congestion control but
with its full reliability feature replaced with
selective reliability would be a more appropri-
ate fit as a transport protocol for the underly-
ing problem but the standards in this
direction have not finalized and are still evolv-
ing [21,23]. We note that TCP’s insistence on
reliable delivery without timing considerations
would adversely affect the performance of the
system under packet losses especially for (near)
real-time applications (e.g., applications requir-
ing short playout delays). In this paper, we
study the regimes for which TCP performance
for stored video streaming is acceptable but
also identify regimes for which TCP performs
poorly and a new transport protocol would
be needed.

e TCP is currently used for streaming applica-
tions in order to get through some firewalls that
block UDP traffic.

e The choice of TCP as the transport protocol
eliminates the unnecessary burden on the appli-
cation-level designer by providing congestion
control at the transport layer [21].

¢ Another key advantage related to providing
congestion control at the transport layer (ie.,
TCP) rather than “above UDP” is that the
proposed’ scheme can make use of the services
provided by the standard-based Explicit Con-
gestion Notification (ECN) mechanism [32]
which provides a means of explicitly sending a
“congestion experienced” signal towards the
TCP sender in TCP acknowledgment packets.
We note that explicit feedback significantly
reduces the losses in the network and is there-
fore particularly useful in scenarios ‘such as
video streaming where the frequency of retrans-
missions due to losses is to be kept at a
minimum.

In our proposed architecture, the buffer man-
agement scheme selectively discards low priority
frames from its head-end which otherwise would
jeopardize the successful playout of high priority
frames. Moreover, the proposed discarding policy
is adaptive to changes in the bandwidth available
to the video stream. Contrary to many of the pre-
viously - proposed adaptive transmission - algo-
rithms, the proposed Selective Frame Discard
(SFD) strategy is simple and easily implementable
at the application layer by allowing additional
information exchange between the transport layer
and the application layer. Moreover, our proposed
server-side frame discarding algorithm only needs
to know the playout delay T, and several net-
work-related variables which are made available
by using the services of TCP and the playout buffer
occupancy does not need to fed back to the server
in this proposed scheme. Qur simulation results
demonstrate that scalable stored video can effi-
ciently be streamed over TCP with the proposed
adaptive frame discarding strategy if the client
playout delay is large enough to absorb the fluctu-
ations in the TCP estimation of the available band-
width. We also study the impact using Explicit
Congestion Notification (ECN) in the network in
terms of attained video quality. Finally, we com-
pare the proposed edge-based server-side frame
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discarding solution with the core-based Differenti-
ated Services (Diffserv) Assured Forwarding (AF)
Per-Hop-Behavior (PHB) architecture (see [33]) in
the context of stored video streaming and identify
regimes in which the former architecture outper-
forms the latter.

The rest of the paper is organized as follows. In
Section 2, the proposed architecture including the
scalable coding model and the selective frame dis-
card schemes are presented. The simulation plat-
form and the numerical results are given in
Section 3. We conclude in the final section.

2. Video streaming architecture

In this section, we first describe our video
encoding model and then present the details of
the proposed input buffer management scheme
based on selective frame discarding.

2.1. Scalable video coding

The main goal of scalable coding of video is to
flexibly support a heteregoneous set of receivers
with different access bandwidths and display capa-
bilities. Furthermore, scalable coding provides a
layered video bit stream which is amenable to pri-
oritized transmission. In this paper, we assume
that the stored video is encoded into two layers,
the BL and the EL, using the Reference Picture
Selection mode of H.263 version 2 [13,14]. In this
structure (i.e., backward prediction disabled), the
BL is composed of Intra (I) and anchor P (pre-
dicted) frames whereas the EL is composed of
the remaining P frames. P frames in the EL are
estimated using the anchor P frames or I frames
in the BL where anchor P frames are chosen using
the Reference Picture Selection mode. Throughout
the rest of this paper, we will denote the base layer
frames by H (High-priority), and enhancement
layer frames as L (Low-priority). A schematic dia-
gram of the employed scalable video coding struc-
ture is shown in Fig. 1. We leave the study of
different temporal scalability models and other
video coding standards for future research but
we believe that the proposed architecture is appli-
cable to other 2-layer scalable video codecs.

< o

[C77] Base Layer [1 Enhancement Layer

Fig. 1. Base and enhancement layers in temporal scalability
mode.

2.2. Selective frame discarding

As stated in the previous section, we assume
that video encoders generate H- and L-frames. If
the available network bandwidth cannot accom-
modate the transmission of all frames, then it
would be desirable to discard some of the L-frames
on behalf of the H-frames. While making a L-
frame discarding decision, our goal is to maximize
the number of transported L-frames subject to the
constraint that the loss rate for the H-frames
would be minimal. In this definition, a loss refers
to a missed frame at the client either because the
frame is not transmitted by the server or is trans-
mitted but partially/completely lost in the network
or the frame is received by the client but after its
deadline. For this purpose, we propose an input
buffer implemented at the application layer of the
sender which dynamically and intelligently dis-
cards L-frames from its headend and this scheme
is depicted in Fig. 2.

We use the RTP/TCP/IP protocols stack in this
study. We propose in this architecture ‘that the
stored video frames arrive at the input buffer at a
frequency f'= l/T frames per second, which is the
frame generation rate of the underlying video ses-
sion. These frames wait in the input buffer until
they reach the headend of the buffer and a decision
is then made by the Selective Frame Discard
(SFD) block whether the corresponding frame
should be passed towards the transport layer or
is simply discarded. In cases of discard, the SFD
block will make subsequent discard decisions until
an acceptance decision is made. When a frame is
accepted by the SFD module, it is segmented into
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Fig. 2. Proposed stored video streaming architecture.

video packets (or RTP packets) of length at most
L where we fix L to 1 Kbytes in this study. In
our simulation studies, QCIF videos are encoded
at around 30 dB quality and a typical video packet
can carry 1-3 P-frames depending on the compres-
sion efficiency of the frame (i.e. high/low motion)
and a typical I-frame can be transported by 2-3
video packets. Video packets of accepted frames
are first placed in the partial frame buffer which
is then drained by the TCP layer. We suggest that
whenever a TCP packet begins to take its first
Jjourney towards the network, the TCP layer imme-
diately retrieves a packet from the partial frame
buffer if the buffer is nonempty. Otherwise, it que-
ries the SFD module to make an acceptance/rejec-
tion decision on the head-end frame.

The acceptance/rejection decision is made as
follows: The decision epoch for the ith frame is de-
noted by ¢, irrespective of the outcome of the deci-
sion. The waiting time or the shaping delay in the
input buffer for frame /, denoted by D; s, is the dif-
ference between ¢; and the injection time for the ith
frame to the input buffer. Let D, y denote the net-
work delay for the ith frame injected into the input
buffer. Recalling that frames are generated by the
encoder at integer multiples of 7, the injection time
for the ith frame to the input buffer will be ¢y + iT,
where 1, is the injection time of the Oth frame. The
ith frame will then wait in the input buffer for D, ¢
seconds and the SFD module will make an admit/
discard decision for the ith frame at time epoch
t215+iT + D;s. If the ith frame is admitted by
the SFD module into the transport layer then that
frame will be delayed an additional D; rcp and D; v
seconds in the TCP buffer and in the network,

respectively. It is clear that the ith frame must ar-
rive at the receiver before its playout time
to + Doy + T, + iT where Ty, is the initial buffering
time of the playout buffer which starts accumula-
tion as soon as the frame 0 arrives. So the follow-
ing inequality should be satisfied for every
accepted frame i > 0 for its succesful playout:

Dis < Ty — (Diy — Don) — Ditep (1)

In the above inequality, D; s and 7, are known
to the SFD module, however one needs to hnid
estimates for the last two terms on the right hand
side of the inequality. In this study, we suggest 1o
estimate the one-way network delay difference
d; = D; y—Dyg y using the TCP Timestamps option
(TSopt) in TCP headers [34]. In the TCP Time
stamps Option, while transmitting packet m, the
sender puts the transmission instant timestamp 1
the Timestamp Value (TSval) field. After receiving
packet m, the receiver generates an acknowled:
ment packet denoted by ack m, by setting its 7.
field with the current time of the receiver und
copying the T'Sval field of packet m to the T
stamp Echo Reply (TSecr) field of ack m |
way, the SFD module will have an ecutimat
the one-way network delay difference ]
TCP timestamp option for the last ackn
TCP packet before time ¢; when it need
a decision for frame i. On the other hand,
term D;tcp is not ‘known in advance b
tively small compared to T, unless ¢
losses because of the mechanism de
tiating a data transfer from the g
into the TCP layer. We therelo
safety parameter o, O0<a =1 10 o0
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errors due to inaccuracies due to estimations to be
used in the inequality (1) as follows. In order for
an admission decision for frame / to take place,
the following new inequality should be checked
by the SFD block:

Dis < (T, — 4i) (2)

The inequality (2) can be used to select which
frames to discard for nonscalable video but it
needs to be modified for layered video. This mod-
ification is studied next.

2.3. Static and adaptive selective frame discard
algorithms

We propose to use two different safety para-
meters o; and ay for the L-frames and the H-
frames, respectively, for preferential treatment
for H-frames. Such a treatment is possible by
choosing a; < ay. This choice makes ap not only
a safety parameter but also a prioritization instru-
ment. We summarize the general SFD algorithm at
decision epoch t; in Table 1.

The choice of the algorithm parameters «;, and
ay are key to the success of the proposed architec-
ture. In Static SFD (SSFD), fixed o and ay values
are used throughout the video streaming session.
However, such a fixed policy may not work well
in all possible traffic scenarios. For example in
cases where the instantenous available bandwidth
is close to the the BL rate then the L-frames should
aggressively be discarded (i.e., ¢y — 0) in order to
minimize the loss probability of the BL frames. On
the other hand, if the available bandwidth happens
to be close to or exceeds the total rate of the BL
and the EL frames, then the L-frames should con-
servatively be discarded (i.e. ay — ay). The very
dynamic nature of the Internet may lead to signif-
icant variations in the available bandwidth even
during the lifetime of a video session. Moreover

Table !
The pseudo-code for the SFD algorithm at time ¢

if (frame i == L-frame) && (D; s < a(Tp— 4N
Admit();

} else if ((frame i == H-frame) && (D;s < au(T,~ 4N
Admit();

} else Discard();

o)

0
nﬂ(z) RH(t) + F!L(t) C(t)

Fig. 3. Adaptive choice of ar in the ASFD algorithm.

the instaneous BL and EL rates for VBR encoded
video may substantially deviate from their long-
run average values. These observations lead us to
an adaptive version of the SFD algorithm. For this
purpose, we define C(7) as a smoothed estimate of
the bandwidth available to the session at time ¢,
Also we let Ry (#) and Ry(?) be the smoothed esti-
mates of the EL and the BL, respectively, by mon-
itoring the frame arrivals:to the input buffer, We
also let C, Ry and Ry denote the time averages
of of the waveforms C(¢), Ru(?), and Ry (1), respec-
tively. We then propose the simple Adaptive SFD
(ASFD) scheme depicted in Fig. 3. We fix ay and
use it only as a safety parameter (ay set to 0.7 in
this study). The choice of a; is less straightfor-
ward: o is zero when C(f) < Ry(1), o equals oy
when C(f) > Ru(?) + Ry(#) and it changes linearly
within between these two end regimes. The nota-
tion SSFD{x) denotes the SSFD algorithm with
ay = 0.7 and o set to x.

3. Simulation results

In this section, we study the performance of the
proposed stored video streaming architecture
using simulation. We use ns-2 [35] for simulations
with a number of enhancements required for the
video streaming architecture given in Fig. 2. We
use the single bottleneck topology in Fig. 4 for
all the simulation experiments. In all simulations,
N video sessions (of length 780 s) share a single
bottleneck link with capacity Cy, (set to | Mbps),
where N will be varied to account for the variabil-
ity of the available bandwidth to each user. The
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dest,

Fig. 4. The network topology used in the simulation studies.

buffer management mechanism for the bottleneck
link is assumed to be Random Early Detect
(RED). Motivated by [36], we use the RED
parameters (ming, max,, max,) = (20,60,0.1)
and the RED smoothing parameter set to 0.002
unless otherwise stated.

The first N/2 sessions are sinked at dest; and the
remaining ones at dest,. Each video source em-
ploys TCP Reno with the same set of parameters
and options and each source streams the same
video clip. There is one tagged source we monitor
among the N sources for Peak Signal-Noise Ratio
(PSNR) plots. Each source starts streaming at ran-
dom points in the video clip in order to prevent
synchronization among the sources. Throughout
the simulations, the bit rate of the VBR encoded
video has substantial oscillations while the average
rates are Ry =~ 82.6 kbps and Ry =~ 35.0 kbps (see
Fig. 5). Given that the original video frequency is

S =25 frames/s, the two layer scalable video is
composed of a single I and 9 anchor-P frames as
the base layer for each two-seconds interval (i.e.,
Group of Pictures (GOP) duration). The remain-
ing 40 are plain P frames that constitute the
enhancement layer as given in Fig. 1. In our simu-
lations, the average PSNR is used as the perfor-
mance metric. Both the received frames and the
lost frames are used in’ the PSNR calculation
where the lost frames are concealed at the receiver
by replicating the most recently decoded frame.
Since we are using a temporally scalable bitstream,
the PSNR of the received frames reflects the degra-
dation in system performance due to losses only in
the BL. By using PSNR for both received and lost
frames as the performance metric, the degradation
in the system performance caused by the L-frame
losses are also included as well as the H-frame
losses. In all of our experiments, the bottleneck

250 .

Ru(t) [ N
:?: 200 M RH(‘)*'R.!:(t) """"""" " P
g i ~ .-""‘:_-"::
2 : i SN Y :
g 100 i E ] _ . :‘:, 55 ‘.:."‘
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Fig. 5. Smoothed bit rates for the BL and EL for the layered video used in the simulations.
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link with capacity C, is shared among N sources
where Ne{6,...,40} and the expected fair band-
width share per flow, which is C = C/N, changes
in the range {25,...,166} kbps.

In our first experiment, we compare and con-
trast the performance of the ASFD algorithm with
the SSFD algorithm with three settings for
2 €{0.05,0.4,0.7}. For this purpose, we vary the
number of video sessions N and thus change the
fair share of each session C= C,/N and obtain
the corresponding PSNR value for the SSFD and
ASFD algorithms. The playout delay T, is set to
5s in this study. The results are depicted in Fig.
6. The ideal curve is obtained by allowing the sys-
tem to transmit and play all the scheduled frames,
in other words for a given bandwidth it is assumed
that there is enough playout buffering to tolerate
the latency due to retransmissions and the video bi-
trate is properly matched to the constant available
bandwidth in the network so that the scheduled
frames never miss their playout times. In our simu-
lations, the EL and/or BL frames are discarded
sequentially for the computation of the ideal curve
and the corresponding bitrate is calculated. The se-
quence used for discarding is the same for each
GOP. The selection of a conservative SSFD policy
(i.e., SSFD(0.05)) gives the best results for the hea-
vy load case (i.e., C < 100 kbps) when compared to
all other schemes. However, in the light load case
when C gets close to or beyond Ry + Ry, the PSNR
performance of SSFD(0.05) degrades substan-
tially compared to the less conservative policies

g R

Average PSNR(dB)
B ® 8 B

8

18 ) 100 150
Average available bandwidth per source(kbps)

Fig. 6. Comparison of SSFD vs ASFD for the case T, = 5.

SSFD(0.4) and SSFD(0.7). On the other hane
the adaptive version ASFD is robust with respe
to the changes in the available bandwidth per ust
and it compares reasonably well with the best pe
forming static policy in each case. The advantage ¢
the ASFD is that the video server can find a polic
very close to the optimal frame discarding polic
using local measurements even when the availab:
bandwidth per user changes significantly durin
the lifetime of the video session. This behavic
can definitely not be obtained with static policies

In our second simulation experiment, we stud
the impact of the RED parameters on the ASF]
performance. The results are given in Fig. 7. Th
cases with three different RED configurations ou
performed the drop-tail policy with the buffer siz
set to 120 packets. This observation can be ex
plained by the fact that drop-tail buffer manage
ment causes synchronized losses and the resultin
overshoots and undershoots in the resulting buffe
occupancy yield substantial performance degrads
tion relative to that of RED. We generall
obtained quite robust results with RED but w
also observed performance degradation wit
RED(10,30,0.1) in the heavy load case compare:
to the other two RED systems. This degradatio
is due to the relatively conservative choice of min,
and maxy, in this system when a fairly large num
ber of sources are multiplexed.

In the third simulation experiment, we study th
impact of using ECN for which the RED modul

32 = = T T
RED(10,30,0.1) B : :
RED(20,80,0.1)
REDN40,120,0.1)
Tai120]

8

n
o

................................................

[N
[+

Average PSNR (dB)
ny
-

50 100 150
Average available bandwidth per source (kbps)

Fig. 7. Effect of RED parameters on ASFD performance witt
To=5s.
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at the bottleneck link marks the packets with the
corresponding probabilities as opposed to discard-
ing them. This congestion information is then fed
back in the TCP acknowledgements via which
the TCP sources adjust their window sizes. Since
all TCP senders are using ECN and all respond
to congestion before actually loosing a packet,
they tend to experience less the undesired data or
timer driven loss recovery phases of TCP. This
behaviour, as one might expect, leads to a signifi-
cant performance improvement especially in con-
gested network scenarios and for small initial
playout delays. This situation is depicted in Fig.
8 in which T, is set to 2s and the performance
of using TCP Reno without ECN and TCP Reno
with ECN are shown in terms of the average
PSNR values for varying C. For the heavy load
case, the performance gain with ECN is remark-
able (up to 2db). The T, =55 case is depicted in
Fig. 9 for which the ECN gains are smaller com-
pared to the T, =2s case. For small playout de-
lays, it is more likely that a larger percentage of
the TCP’s retransmissions arrive at the receiver
later than their corresponding deadlines. With
ECN, losses in the network are reduced and so
are retransmissions. This is why the performance
gain of ECN is more significant in cases with small
playout delays. As shown in Fig. 8, T, = 2 s of buf-
fering cannot tolerate the timer driven retransmis-
sions occuring in TCP, therefore a significant

8 B 8 8

Average PSNR(dB)
n
g

8 B

18 %6 160 150
Average available bandwidth per source(kbps)

Fig. 8. Impact of ECN on streaming performance for ASFD
with T, =2s.
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Fig. 9. Effect of ECN on streaming performance for ASFD
with T, = 5.

PSNR degredation is observed if ECN is not em-
ployed as compared to the T, =35 s case.

In the fourth experiment, we study the impact
of the playout delay T, which is used in order to
compensate for the oscillations in the video bit rate
and available network bandwidth per user. The
playout delay T, is varied from 1s to 30s and
the corresponding PSNR values are plotted with
respect to varying C in Fig. 10. The PSNR curves
saturate at around T, = 15 s beyond which buffer-
ing only slightly improves the PSNR performance.
For small T, (i.e., T, =1s or 2s), the playout
delay is comparable to the delays encountered in
TCP’s data/timer driven retransmissions and a lar-
ger percentage of the network losses result in
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Fig. 10. Impact of T, on average PSNR for ASFD algorithm.
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missed playouts and thus reduced PSNRs. With
TCP, increasing T, from 2 to 5s increases the
streaming performance substantially by up to
3dB.

Up to now, we assumed a best-effort Internet
and we proposed intelligent frame scheduling and
discarding techniques at the edge (i.e., at the appli-
cation layer) which operates in harmony with the
underlying transport protocol TCP. A network-
based alternative for frame discrimination is the
Internet Engineering Task Force (IETF) Differen-
tiated Services (Diffserv) architecture [37]. Diffserv
defines different service classes for applications
with different Quality of Service (QoS) require-
ments. An end-to-end service differentiation is ob-
tained by concatenation of per-domain services
and Service Level Agreements (SLAs) between
adjoining domains. Per domain services are real-
ized by traffic conditioning including classification,
metering, policing, shaping at the edge and simple
differentiated forwarding mechanisms at the core
of the network. One of the popular proposed for-
warding mechanisms is Assured Forwarding (AF)
Per Hop Behavior (PHB) [33]. The AF PHB de-
fines four AF (Assured Forwarding) classes:
AF1-4. Each class is assigned a specific amount
of buffer space and bandwidth. Within each AF
class, one can specify three drop precedence val-
ues: 1, 2, and 3. In the notation AFxy, x denotes
the AF class number (x = 1,...,4) and y denotes
the drop precedence (y = 1,...,3).

In our final simulation experiment, we compare
the proposed edge-based server-side frame discard-
ing solution with the core-based Differentiated
Services (Diffserv) Assured Forwarding (AF) Per-
Hop-Behavior (PHB) architecture in the context
of stored video streaming and identify regimes in
which the former architecture outperforms the lat-
ter. For the Diffserv scenario, we mark packets
belonging to H-frames as AF11 and those of L-
frames as AF12. We use Weighted RED (WRED)
with the RED parameters (20,60,0.1) and
(10,30,0.25) for AFI1 and AFI12, respectively
[38]. We do not impose the use of any traffic con-
ditioner in this experiment but we make use of
only the differentiated forwarding paradigm of
Diffserv. We use User Datagram Protocol (UDP)
for the transport layer for this scenario. We will

Average PSNR(d8)

%8 88
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Average PSNR(dB)
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8

Average available bandwidth per source(kbps)

Fig. 11. PSNR plots using Diffserv + UDP and ASFD + TCP
scheme for T, = | s scenario.

refer to. the combined scheme as Diffserv + UDP.
The number of video sources sharing the bottlenk
link are varied and PSNR values are plotted in
Fig. 11 for the case T, =1 s which demonstrates
that when the client playout delay 7, is small
and comparable to one Round Trip Time (RTT),
the Diffserv+UDP solution outperforms the pro-
posed ASFD+TCP approach. However, when 7,
is-increased to. 5 s, then the ASFD+TCP solution
gives better results than that of the Diffserv+UDP
solution (see Fig. 12). The reason for this behav-
iour is that when the client playout delay is large
enough then the TCP sender can retransmit not
ACKed packets without them missing their dead-
lines (as opposed to the T, = 1 s case). Moreover,
it-is the application layer that intelligently decides

fod
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Fig. 12. PSNR plots using Diffserv+UDP and ASFD+TCP
scheme for T, = 5 s scenario.
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on which frames to discard in ASFD + TCP by
taking into consideration their playout deadlines.
We're led to believe that when the playout delays
are sufficiently large (i.e., 7, > 5s) then the pro-
posed edge-based adaptive approach is superior
to the network-based Diffserv+UDP scheme which
is static in its parameter settings and which is not
aware of the playout deadlines.

4. Conclusions

Motivated by the extensive operation experience
behind TCP, we propose in this paper an easily
implementable stored video streaming system using
TCP transport. The proposed system consists of an
input buffer implemented at the application layer of
the server coupled with the congestion control
scheme of TCP at the transport layer. The pro-
posed frame discarding strategy dynamically and
intelligently discards low priority frames from its
head-end. Moreover, it is adaptive to changes in
the bandwidth available to the video stream. Our
simulation results demonstrate that scalable stored
video can efficiently be streamed over TCP with the
proposed adaptive frame discarding strategy if
the client playout delay is large enough to absorb
the fluctuations in the TCP estimation of the avail-
able bandwidth. As expected, the use of Explicit
Congestion Notification (ECN) in the network is
shown to slightly improve the throughput espe-
cially in congested network scenarios and for small
initial playout delays. Finally, we compare the pro-
posed edge-based server-side frame discarding
solution with the core-based Differentiated Services
(Diffserv) AF PHB architecture and identify re-
gimes in which the former architecture outper-
forms the latter. We show through a number of
simulations that if the playout delay is sufficiently
long (i.e., T, > 55) then the proposed edge-based
solution outperforms the core-based Diffserv solu-
tion whereas this relationship is reversed otherwise.
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ABSTRACT

TCP (Transmission Control Protocol) with its well-established con-
gestion control algorithm is the prevailing transport layer proto-
col for non-real time data in current IP (Internet Protocol) net-
works. It would be desirable to transmit any type of multimedia
data using a variant of TCP in order to take advantage of the exten-
sive operational experience behind TCP in the Internet. However,
some features of TCP including retransmissions and variations in
throughput and delay, although not catastrophic for non-real time
data, may result in inefficient video transport if not properly engi-
neered. There are a number of proposals that modify TCP in order
to efficiently transport stored video. In this-paper, we propose an
architecture which includes an input buffer at the server coupled
with the congestion control scheme of TCP at the transport layer.
This buffer selectively discards low priority frames from its head-
end which otherwise would jeopardize the successful playout of
high-priority frames. This architecture is applied to several TCP
variants and our results demonstrate that scalable stored video can
efficiently be transmitted over [P networks if the client buffering
time is long enough to absorb the fluctuations in the estimated net-
work bandwidth arising due to TCP. Moreover, certain retransmis-
sion strategy modifications to TCP/Reno are shown to significantly
improve the performance.

1. INTRODUCTION

The transmission of high quality video over the Internet is
now becoming a reality due to recent progresses in video
compression and networking technologies, efficient. video
coders/decoders and increasing interest in applications such
as video on demand, videophone, and video conferencing.
TCP (Transmission Control Protocol) with its well-estab-
lished congestion control algorithm is the prevailing trans-
port layer protocol for non-real time data in the current In-
ternet. However, some features of TCP, such as retransmis-
sions and variations in throughput and delay, are generally
believed to be unsuitable for transporting video. For stream-
ing video, User Datagram Protocol (UDP) is often used.
However UDP does not have a built-in congestion contro}
mechanism, so most of the video streams are unable to re-
spond to network congestion and this adversely affects the
network performance as a whole. Potential for future con-
gestion collapse of the Internet due to flows that do not use
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responsible end-to-end congestion control is addressed in
[1]. There are a number of options to address this problem
in the context of stored video streaming [2]: (a) employing
congestion control above UDP, (b) using congestion con-
trol at the transport layer using a new protocol designed
from scratch for unreliable data flows, (c) using conges-
tion control at the transport layer using a suitable modifi-
cation of a well established standard such as TCP. A key
disadvantage of providing congestion control above UDP is
that it places an unnecessary burden on the application-level
designer.. A second issue related to providing congestion
control above UDP is that it would require giving up the -
use of Explicit Congestion Notification (ECN) [3] which
would otherwise provide a mechanism to explicitly feed-
back 'a “congestion experienced” signal on transport layer
acknowledgment packets. - We note that explicit feedback
minimizes the losses in the network and is therefore par-
ticularly useful in scenarios like video streaming where the
frequency of retransmissions due to losses is to be kept at
a minimum. - In this paper, we pursue the path of provid-
ing congestion control at the transport layer. However, as
opposed to designing a new transport protocol for unreli-
able data flows {which is outside the scope of this paper
but we refer the reader to [2] for a detailed discussion);
we study the performance of a selective frame discard strat-
egy implemented at the server side which is tightly coupled
to a transport layer implemented using existing modifica-
tions to the well-known TCP suite. These modifications do
not nullify retransmissions but instead minimize the retrans-
mission timeouts and their adverse affect on video qual-
ity. This architecture is applied to several TCP variants.
Our results demonstrate that scalable stored video can ef-
ficiently be transmitted over IP networks if the playout time
is long enough to absorb the fluctuations in estimated net-
work bandwidth arising due to TCP.

The rest of the paper.is organized as follows: In Sec-
tion 2, we present a summary of related work. In Section
3, the proposed architecture including the scalability and
selective frame discard schemes are given. Section 4 cov-
ers the background for TCP variants addressing their draw-
backs for video delivery together with proposed modifica-



tions. The simulation platform and results are presented in tent in multimedia environments. Another goal of scalable
section 5. We conclude in the final section. coding is to provide a layered video bit stream which is
- ~amenable for prioritized transmission. Many scalable video-
- coding techniques have been proposed over the past few
‘years for real-time Internet applications by several video
compression standards such as MPEG-2/4 and H.263/263+
{12} The types of scalability which are defined in these
standards can be categorized as temporal, spatial, SNR, ob-
ject (only for MPEGH4) scalability. All these types of scal-
able video consist of a Base Layer (BL) which is the mini-
mum amount of data needed for decoding the video stream
and one or more Enhancement Layers (EL). The EL part
of the strearn represents additional information.  Both the
base layerand the enhancement layer can be composed of I-
P-B (Intra-Inter (Predicted-Bidirectionally predicted)) pic-
tures which are the three generic picture types used in the
above-mentioned standards. A schematic diagram of scal-
able video coding using temporal scalability is shown in
Figure 1. In this figure, the base layer is composed of the |
and P pictures whereas the enhancement layer is composed
of P pictures. Other than the temporal scalability, SNR sca-

2. RELATED WORK

Recently, a number of methods have been proposed for con-
gestion control and quality adaptation for Internet video stream-
ing [4, 5, 6, 7]. In most of these studies, congestion control

is performed in the application layer. In [6], Feamsteret. al.
discuss several quality adaptation schemes using binomial
congestion control for video streaming using RTP/UDP. The
feedback to be used by the congestion manager [8] is ob-
tained using RTCP. The results show that quality improve-
ments can be obtained if hierarchically encoded video is
transmitted using an input buffer management system..In
[9]. Sisalem and Schulzrinne present a rate adaptation algo-
rithm for multimedia applications. Their work also depends

on RTP/RTCP. Feng et. al. propose an adaptive smoothing
mechanism in {10] by dropping low priority framies.

In{5], Hsiao et al. address the congestion control prob-
lem for Internet video streaming using a modification -of
TCP. Their algorithm avoids congestion by delaying acknowl-
edgment (ACK) packet generation at the receiver based on
the congestion notification from the routers. Even though
the: results are promising, real world implementation is a
problem due to- the required:modification of the receiver
protocol stack. ‘Rajaie et. al. present a quality adaptation
mechanism-in [4] for video streaming while using a TCP-
friendly congestion control mechanism. The presented al-
gorithm-includes a linear allocation of available bandwidth :
among different layers of video: In{7], Balanet. al. present T Base Layer [ Enhancement Layer
an:integrated scheme based on interworking between live
adaptive encoding, packet filtering at the sender and TCP-
friendly binomial congestion control scheme. The packets
are dropped by using the priority information from the en-
coder and the network information from the congestion con- lability is also widely used. One of the drawbacks of this
trol:scheme. In [11] Saparilla and Ross found optimal rates approzach is that when one of the EP frames (Enhancement
that-should be allocated to each layer in a two layer video, Layer-P frame) is lost, the EP’s quality will drastically de-
using receiver feedbacks about the playout buffer informa- grade.. Another scalability structure is Fine Granular Sca-
tion lability (FGS). In FGS, there is no temporal relation among
the frames in the EL. Since in FGS the EL is formed of bit-
plane blocks which are DCT coded, bandwidth may be uti-
lized more efficiently. However because of lack of temporal
relation, increase in bit rate occurs especially in cases where
the BL bit rate is chosen to be small as compared to the to-
tal rate. In order to solve the above-mentioned problems,
we used the Reference Picture Selection mode of H.263+
(Annex NY {13] in this work. This is a simpler version of
3.1, Scalable Video Coding the temporal scalability mode of H.263+ (Annex O), with
backward prediction disabled.
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Fig. 1. Base and enhancement layers.

3. PROPOSED ARCHITECTURE

In this section, we first describe our video encoding model
and then give the details of the proposed input buffer model
based on selective frame discarding.

The miain goal of scalable coding of video is to flexibly
support multiple receivers with different access bandwidths, Throughout the rest of this paper we will denote the base
display capabilities and display requests to allow video data- layer frames as H (high priority), and enhancement layer
base browsing and multiresolution playback of video con- frames as L (low-priority).
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Fig. 2. Architecture of the proposed system

3.2. Selective Frame Discarding

As stated in the previous section, video encoders produce
frames of different importance. If the available network
bandwidth cannot accommodate all frames then it is desir-
able to discard the low priority frames when needed in be-
half of the high priority ones. Such a selective treatment can
best be carried out at the congestion location in the network
but this requires differentiated services [14] support of the
network(s) between the sender and the receiver. In the fore-
seeable future, we do not expect full-scale deployment of
differentiated services and therefore we suggest preferential
treatment for high-priority frames at the application layer
of the sender. We assume that the available bandwidth is
sufficient for transporting the high priority frames and our
goal is to maximize the number of transported low prior-
ity frames subject to the constraint that the loss rate for the
high priority frames would be minimal (if not zero). For
this purpose, we propose an input buffer implemented at the
application layer of the sender which, from its head-end,
dynamically discards low priority frames based on an algo-
rithm described below.

Figure 2 depicts the architecture of the proposed sys-
tem. Stored video frames of both base and enhancement
layer arrive at the input buffer at integer multiples of T
dictated by the actual video bit rate. When the transport
layer requests new data from the input buffer, a decision
is to be made whether to hand the foremost frame over to
the transport layer or discard it. Since the input buffer is
drained at a variable rate governed by the congestion con-
trol algorithm of the transport layer, the interdeparture times
from the input buffer between two consecutive frames will
be said to be shaped. In Figure 2, D;s and D;y denote
the shaping delay and the network delay, respectively, of
the it* i = 0,1,2, ... frame injected into the input buffer.
Considering that frames are generated by the encoder at in-
teger multiples of 7', the generation time for the ith frame
will be to + 1T, where tg is the generation time of the frame
zero. The ith frame will then wait in the input buffer for
a time D;s and if admitted into the transport layer, will be
delayed in the network for another D;x sec. At this point

Table 1. Frame generation (sender) and playout (receiver)
instances. Input buffer shaping delay + propagation & queu-
ing delay in the network

Frame  Generation Time  Shaping+N/W Playout Time
(sender) Delay (receiver)

0 to Dos + Donv to+ Dow + T

1 to+T Dis+Div to+T+Don +Tp

i tg +iT Das-; bi‘N' tg+iT+ Doy + T,

it should be noted that, admitted frames will be wrapped
with proper TCP headers and in the rest of the transport
layer operations they will be called as packets. At this step
in order to prevent IP fragmentation in the network layer,
larger frames are fragmented into packets of at most 1000
bytes at the transport layer and then wrapped with appro-
priate TCP headers. In order to allow variable size TCP
packets, which are fixed sized segments in the original TCP
implementations, accepted amount of data to the network
during a round-trip time (i.e. congestion window) for each
TCP source is calculated in terms of bytes rather than seg-
ments.

At the receiver’s transport layer these packets are re-
ceived and directly passed to the application layer in or-
der to reassemble and generate the frames. Frames must
be played out at the receiver at times tg +17 + Doy + Tp
where T, is the initial buffering time of the playout buffer,
which starts after the frame zero completely arrives (Ta-
ble 1). Since the frame i arrives at the playout buffer at
ts + 1T + D;s + D;n, we have to satisy the following in-
equality to achieve a smooth playout:

to+iT+Dis+Diny <to+iT+Don+Tp (1)

|Dox — Din| is bounded by the maximum delay jitter in
the network denoted by Jmee = (1 — a)T,. We assume
that the parameter « lies in the interval (0, 1) since in prop-
erly dimensioned applications, T, should be chosen greater
than the maximum network jitter. Therefore, we reduce the
inequality (1) to the following:

Dis<al, 05ax1 2
Algorithm 1 gives the pseudo-code for the drop policy where



Table 2. ALGORITHM 1 - Algorithm for source buffer
management where frame; is at the head of the buffer

if {priority(frame;) == L) {
if(Dis aTp)
admit(frame;);
else
discard( frame;);

} else {

admit( frame;);

the frames are dropped based on inequality (2) . Since high
priority frames which form the base layer should be deliv-
ered to the receiver without any loss, this drop policy is only
applied to low priority (enhancement layer) frames. Two
important factors in this algorithm is the choice of a and
Tp. Detailed analysis of the impact of these parameters on
the video streaming performance is presented in Section 3.

Algorithm 1 gives the pseudo-code for the drop pol-
icy where the frames are dropped based on inequality (2) .
Since high priority frames which form the base layer should
be delivered to the receiver without any loss, this drop pol-

icy is only applied to low priority (enhancement layer} frames.

Two important factors in this algorithm is the choice of a
and T},. Detailed analysis of the impact of these parameters
on the video streaming performance is presented in Section
5.

4. IMPROVEMENTS ON LOSS
RECOVERY/DETECTION

TCP with its well-established congestion control algorithm
is the prevailing transport layer protocol for non-real time
data in the current Internet. However, some features of
TCP including retransmissions and variations in throughput
and delay, although not catastrophic for non-real time data,
may result in inefficient video transport if not properly engi-
neered. In the remainder of this section, we will describe the
existing TCP options and flavors, namely Limited Transmit
[15], Retransmitted Packet Loss Detection (RPLD) [19],

Selective Acknowledgments (SACK) [16], Forward Acknowl-

edgments (FACK) [17], Explicit Congestion Notification
(ECN) [3] for efficient video streaming. With these options,
a TCP sender achieves two main goals: (i) Improving Loss
Recovery/Minimizing Loss, (i) Improving Loss Detection.
Also it should be noted that these two goals should not be
mutually exclusive, since without an appropriate loss recov-
ery, improving detection of packet loss becomes useless,
and vice versa.

The proposed methods above, are used to make the TCP
utilize the data-driven recovery in case of a packet loss,

Table 3. Methods of Reducing RTO
Improve Loss Recovery | Minimize Loss in N/'W

- Using SACK

- Using ECN
= Using RPLD L

rather than timer-driven methods. However these methods
improve only the inefficiency of TCP caused by retransmis-
sions. Other undesired features of TCP, such as variation in
rate and delay, may be reduced by using congestion control
algorithms with smoother rate as given in Section 4.3 at the
expense of slow responsiveness.

4.1. Improving Loss Recovery/Minimizing Loss in N/W

The loss recovery phase of a TCP sender has 2 tasks; (i) at-
tempting to recover from losses (ii) responding to the con-
gestion in the network by decreasing the cund (congestion
window). There are basically two types of loss recovery
mechanisms in TCP, namely data-driven and timer-driven
mechanisms. - Fast Transmit -and Fast Recovery are data-
driven [18], and Retransmission Timeout (RTO) is a timer-
driven loss tecovery method of TCP [15]. Recovering losses
with an RTO is not a desired way of loss-recovery in video
streaming applications since it causes the TCP sender to
stay idle for an extended period of time which is undesir-
able for video applications. Methods of reducing the fre-
quency of RTOs is given'in Table 3. The first approach is
improving the loss recovery characteristic of a standard TCP
sender by means of introducing some extra signaling (i.e.,
SACK) or using extra information as in RPLD. In the sec-
ond approach, losses causing RTOs in the network can be
reduced by congested routers marking a “congestion expe-
rienced” field using the standard-based ECN field [3]. Re-
ceivers then convey this information back to the sender us-
ing the transport layer acknowledgment packets upon the
receipt of which, senders can adjust their windows before
too late. When there are fewer losses in the network, fewer
loss recoveries will occur, resulting in reduced frequency o

RTOs. , . e

4.1.1. TCP-SACK

TCP receivers implementing SACK [16] use an extra field
for the three most recently received acknowledged segment-
block information, in addition to the sequence number of the
last ACKed packet (without any hole) which is common to
all TCP variants (Tahoe, Reno, New Reno, SACK, FACK).
By this way, the sender is informed about the actually re-
ceived segments by the receiver. This enables the protocol
not to retransmit the already received packets in either the
timer or the data-driven loss recovery methods. We note that
TCP/SACK receivers are quite popular and implemented in
the TCP/IP stacks of all new operating systems.



4.1.2. RPLD

If a retransmitted TCP packet is lost, the sender does not
make any data-driven loss recovery attempt to recover from
the loss and RTO eventually occurs. Therefore, implemen-
tation of a mechanism which handles losses in the retrans-
mitted packets will be beneficial for video streaming type
of applications. In the implementation of RPLD [19], a loss
detection algorithm (which is implemented on the sender
side) puts the local transmission time information for each
transmitted segment in its transmitted packets history list.
When an ACK (with SACK fields) is received by the sender,
it checks all of the sacked segments together with the local
transmission time information (from the transmitted pack-
ets history list) and detects retransmitted packet losses. On
the detection of retransmitted packet losses, they are imme-
diately retransmitted again if cwnd allows.

4.1.3. Explicit Congestion Notification (ECN)

Traditionally a router reacts to congestion by dropping a
packet in the absence of buffer space, which is called a “tail
drop”. Such a drop is implicitly disseminated towards the
sender via acknowledgments. The sender then adapts. its
rate based on the underlying TCP congestion control im-
plementation. In such a configuration, packet loss is one
of the basic building blocks of congestion control ang is

inevitable. Recently, improved congestion control mech- ‘

anisms in routers have emerged. One such mechanism is
Random Early Detection (RED) which detects incipient con-
gestion and implicitly signals the oversubscribing flow to
slow down by dropping its packets. A RED-enabled router
detects congestion before the buffer overflows, based on a
running average queue size, and drops packets probabilis-
tically before the queue actually fills up. An extension to
RED is to mark a certain “congestion experienced” field in
the IP header rather than dropping packets. Cooperating end
systems would then use this as a signal that the network is
congested and slow down. This is known as Explicit Con-
gestion Notification (ECN) and ECN can be very effective
in reducing losses in the network. However, we note that ac-
tive network involvement is required for ECN and deploy-
ment of ECN-capable systems are in their early stages of
evolution.

4.2. Improving Loss Detection

In order to make a loss recovery, loss should be first detected
using TCP's negative acknowledgments (ACKs). TCP is an
ACK-clocked protocol, therefore the TCP receiver should
generate enough ACKs for the TCP sender in order to detect
a loss (i.e. congestion) and respond without waiting for an
RTO. Therefore, improved and more robust loss detection
is directly related to the continuity of ACK clocking. Im-

proved calculation of outstanding packets in the network,
and ability to work even with small and large congestion
windows, will provide the continuity of ACK clocking.

Making ack-clocking mechanism better doesn’t remove
RTOs however it just enables the protocol to detect losses
better. But if loss recovery is not improved (i.e.. using
RPLD) or number of losses is minimized (i.e: using ECN),
RTOs will still occur.

4.2.1. FACK (Forward Acknowledgment)

TCP/FACK [17] uses the additional SACK information to
keep an explicit measure of the total number of TCP seg-
ments outstanding in the network. Therefore TCP/FACK
sender is implemented in conjunction with a TCP/SACK
receiver. TCP/FACK improves the ACK clocking perfor-
mance because it estimates the number of packets in the net-
work more accurately than TCP/Reno and TCP/SACK by
using the state variables snd.nzt and retran.dato.
snd_nezt is incremented after transmitting a new segment.
On the other hand retran_data is inctemented after retrans-
mitting a lost segment in a data-driven loss recovery (Fast
Retransmit & Fast Recovery) Phase. The maximum Sacked
segment numbet is held in the snd. fack variable, and these
3 variables together with the cwnd (congestion window) are
used to determine whether or not to send a segment (new
segment or a retransmitted one).

while(snd.nzt < snd. fack + cwnd — retran_data)
sendsomething()

Better estimation of outstanding packets in the network
results in an improved ack-clocking mechanism. Addition-
ally, extracting the information of three duplicate acknowl-
edgments (dupacks) from the SACK fields of the ACKs in
order to detect three dupacks, rather than waiting for the ars
rival of three separate ACK packets with duplicate sequence
numbers, also improves the ack-clocking property. -

Using a TCP/FACK sender requires a standard TCP/SAC
receiver. Therefore TCP/FACK implementation requires a
change only in the TCP/IP stack of the sender, not the re-
ceiver.

4.2.2. Limited Transmit

Since TCP is an ACK-clocked (or self-clocked) mechanism,
the TCP receiver should generate enough ACKs for the TCP
sender in order to detect losses due to congestion and re-
spond accordingly without having to wait for an RTO. “Lim-
ited Transmit” [15] provides the continuity of self-clocking
by increasing the cwnd artificially for each incoming du-
pack, in cases when the cwnd < 3. In situations when the



number of outstanding packets in the network is less than or
equal to three, and if a packet is dropped the receiver would
never receive three dupacks and cannot make a data-driven
“loss recovery”. '

4.3. Smoothing the Rate

Binomial congestion control schemes are proposed in [20}
to reduce the fluctuations in the estimated bandwidth of the
basic AIMD (Additive Increase - Multiplicative Decrease)
congestion control algorithm The following equations are
used to make the distinction between AIMD and other bi-
nomial congestion control algorithms:

I: cwndiiprr & cwndy + (Bi/cwndt), B, >0,

D: cwndiyprr + cwnd; - (B2 xcundl), 0<fa<1,

where [ refers to an increase in window as a result of one
window of acknowledgments in a round-trip time (RTT), D
refers to the decrease in the congestion window upon detec-
tion of congestion by the sender and 5, and B, are constants.
A binomial algorithm is TCP-compatible if k +{ — 1 and
! £ 1 for suitable 8y and £, [20]. The choice of B; =
and Bz = 0.5 is common practice. TCP-compatible algo-
rithms are known to interact well with TCP and maintain -
the stability of the Internet. For £ = 0 and { = 1, we obtain
AIMD. The k = 1 and ! = 0 case gives the IIAD (Inverse
Increase-Additive Decrease) and the k = 1/2 and { = 1/2
case reduces to the SQRT algorithms which are shown to in-
teract well with TCP AIMD across a wide range of network
conditions over a RED bottleneck gateway (see [20] for a
detailed discussion of TCP-compatible protocols). Figure
3 is devoted to the behavior comparison of AIMD and IIAD
for the case where TCP/FACK with RPLD is used in a net-
work with no ECN support coupled with the proposed selec-
tive discard algorithm (with @ = 0.1, T}, = 5sec) in order
to transmit the stored video given in Section 5. Larger os-
cillations of cwnd (i.e., rate) in AIMD are reduced in IHAD
at the expense of slow responsiveness to congestion. While
AIMD is reducing its cwnd multiplicatively by cund * 52
in case of a loss, IIAD decrements the rate by 3, indepen-
dent of the cwnd value. We leave a further comparison of
binomial congestion control algorithms for future research
and we’ll use the basic AIMD parameters for the remainder
of this'paper.

5. EXPERIMENTAL RESULTS

In this section, we run two sets. of simulations to show the
performance of the proposed architecture in streaming video.
The first set demonstrates the effect of TCP add-ons and se-
lective frame discarding on the performance and the second
set demonstrates the impact of T,. For the rest of the sec-
tion, the following notation will be used.
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Fig. 3. For TCP/FACK source, AIMD (k = 0.0, = 1.0)
for top, IIAD (k = 1.0, = 0.0) for bottom plot

N : Number of video sources
T, : Initial receiver buffering in seconds.
C : Bottleneck bandwidth
a : Parameter that controls the selective discard
algorithm
T, : Total video clip duration in seconds.
Ny, Ny : Total number of low (L) and high priority (H)
data in terms of Transport Layer(TL) packets.
L8, L Low and high priority data discarded by the
, ~ sender in terms of Transport Layer(TL) packets.
LY, L2 : Low and high priority data whether discarded
by the sender or misses its playout time, in terms
of Transport Layer(TL) packets. For finding
packets that only miss the playout time,
use L, — L3,
: Average bitrate of the total low and high priority
frames generated by the encoder.
: Average bitrate of successfully played low
priority and hish priority frames

R;, Ry

1, By

We used a modified version of ns-2 [22] as for the simulator
to make the experiments. In all of the experiments, N = 10
video sources each of which is 130 secods long are active
and packets from these sources arrive at a RED router shar-
ing a single bottleneck link with capacity €. Each video
source uses the TCP protocol with the same set of parame-
ters and options while streaming the same video clip. There
is one tagged source we monitor among the N sources par-
ticularly for PSNR (Peak Signal-Noise Ratio) plots. Each
source starts streaming at random points in the video clip
in order to prevent synchronization. Throughout the sim-
ulations, By = 57917.78 bps and Ry = 51625.78 bps
corresponding to N = 2286 and Ny = 1395. RED pa-
rameters of the bottleneck router are given with the triple
(minthresh, maxthresh, drop probability) = (20, 80, 0.25),
where the router’s physical queue length is set to 100 pack-
ets [21]. ‘A comparative study is first carried out under the
scenario of C = 800 kbps bottleneck link with selective
frame discard with parameters @ = 0.1, and with T, = 2
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sec. initial buffering at the receiver. Figure 4 depicts the
congestion window at the sender and the PSNR monitored
at the receiver for six different transport protocol options.
In (a) and (b), all sources use TCP/Reno but in (b} ECN is
also enabled. We note that by using ECN, number of RTOs
can substantially be eliminated in the standard TCP/Reno
sender. This decrease in RTOs, results in an increase in
the number of frames that reach their destination before
their playout times, which then improves upon the observed
PSNR. In Figure 4(c), TCP/FACK sender does not use any
kind of data-driven loss recovery enhancement. Therefore,
a number of RTOs occur which in turn cause many frames
to miss their playout times, and consequently frequent drops
in PSNR.. However, when one or both of the loss recovery
methods in Table 3 is applied, results in Figure 4(d,e,f) are
obtained. No RTO is observed for these three cases at least
in a 130 second video clip. In conclusion, improved PSNR
results are obtained in Figure 4 by using the TCP add-ons
provided in Table 3.

We present our quantitative results in Table 4, which
are obtained by taking ensemble averages over ten simula-
tions for a range of problem parameters (i.e., C and « are
varied) and for 2 selected set of TCP vanants, namely (a)
TCP/Reno, (b) TCP/Reno with ECN, (¢) TCP/FACK with
RPLD and no-ECN. Table 4 is obtained for the case T, = 5
sec., C is varied between 600 and-950 Kbps., and a ranges
from 0.1 to 0.9. By observing the column for L(,‘,’) , the num-
ber of high priority packets that miss their playout times
can be obtained. Clearly, a high L{? indicates an unaccept-
able video streaming performance. TCP/Reno with ECN
and TCP,FACK with RPLD both improve upon the basic
TCP/Reno but this improvement is more significant with the
latter. As explained before, this improvement should be due
to the reduction in the number of RTOs throughout the sim-
ulation.

Revisiting Table 4, we show that for Tp = 3 (i.e., ini-
tial buffering time is long enough), a conservative selec-
tive frame discard strategy (i.e., @ = 0.1) provides a ro-
bust video streaming performance over a wide range of sce-
narios. Aggressive frame discard strategies (ie.,a =09
tend to perform better in terms of the number of low priority
frames injected into the network but at the expense of jeop-
ardizing the successful playout of the high priority frames.
This observation becomes critical especially in the case of
low bottleneck bandwidth scenarios. We also observe that
sources receive their fair share of the bandwidth (i.e., C/N)
on the average. This can be checked by comparing R} +Ry
and C/N in Table 4.

Next, we study the impact of T, on the video stream-
ing performance. We use TCP/FACK (with-RPLD) with the
standard AIMD parameters (k = 0.0,/ = 1.0) as the trans-
port protocol, in a network with no ECN support. We use
the relatively conservative frame discard strategy a = 0.1

Table 4. All results are for AIMD (k = 0.0, ! = L.0)
parameters and T, = § sec. Ny = 2286, Ny = 1395, and
Ry = 57917.78bps, Ry'= 51625.78bps .
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In this experiment, the video sequence at hand is streamed
six times, in order to obtain a longer simulation. Since
the same video is used six times, average high priority (H)
and low priority (L) bit rates do not change and therefore
R, = 57917.78 bps and Ry = 51625.78 bps. The video
clip length then becomes T, = 780(= 6 * 130} sec., with
N = 6%2286and Ng = 6+1395 packets. In Figure 5, we
provide the congestion window, frame rate, and the PSNR
for three different values of T, € {1,2,5} The PSNR plots
demonstrate that with longer initial buffering times, one is
able to absorb the fluctuations arising due to the AIMD be-
havior. Our results also clearly show that with short buffer-
ing, a good streaming performance cannot be obtained ever
with TCP/FACK with RPLD.



6. CONCLUSIONS

TCP (Transmission Control Protocol) with its well estab-
lished AIMD-based congestion control algorithm is the pre-
vailing transport layer protocol for non-real time data in the
current Internet. The extensive operational experience be-
hind TCP has led us to study the use of this congestion con-
trol scheme at the transport layer coupled with a selective
frame discard strategy for video streaming applications. We ! -8
propose to use TCP/FACK with RPLD so as to be able'to S Tm 150 T 0 0 3 400 455 50 50 60 483 700 750 600
reduce the number of RTOs that could otherwise have detri- W LB sl i e
mental effects on the played video. We show that if the ] %WWWWW
initial buffering time is kept long enough (e.g., T = 5), an : : :

efficient use of available bandwidth and acceptable video ST e e 0 % 1 W 4 50 859 6% 4% 70 1% &
streaming performance are both attainable with a conser- e
vative frame discard strategy. Our results demonstrate that
with short playout buffering times, none of the proposed
schemes can compensate for the fluctuations in the esti-
mated bandwidth although the use of ECN and/or FACK
with RPLD helps relative to the pure TCP/Reno case.
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results on this protocol have increased in performance by a factor of 3.

1 Introduction

personal identity can be ascertained without the client’s assistance.

J. Kittler and M.S. Nixon (Eds.): AVBPA 2003, LNCS 2638, pp. 964-971, 2003.
© Springer-Verlag Berlin Heidelberg 2003

Abstract. In the vear 2000 a competition was organised to collect
face verification results on an identical, publicly available data set us-
ing a standard evaluation protocol. The database used was the Xm2vts
database along with the Lausanne protocol ¢ {]. Four different institu-
tions submitted results on the database vstuch were subsequently pub-
lished in [:::]. Three years later, a second cuntest using the same dataset
and protocol was organised as part of AVBPA 2003. This time round
seven seperate institutions submitted results to the competition. This
paper presents the results of the competition and shows that verification

In recent vears the cost and size of biometric sensors and processing engines
has fallen, a growing trend towards e-commerce, teleworking and e-banking has
emerged and people’s attitude to security since September 11th has shifted. For
these reasons there has been a rapid increase in the use of biometric technology
in a range of different applications. Many of these systems are based on the
analysis of face images as they are non-intrusive and user-friendly. Moreover,
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However, face recognition technology is still developing and many papers on
new face verification and recognition algorithis are being pubhshed almost daily.
However, direct comparison of the reported methods can be difficult because tests
are performed on different data with large variations in test and model database
sizes, sensors, viewing conditions, illumination and background. Typically, it is
unclear which methods are the best and for which scenarios they should be used.
Evaluation protocols can help alleviate this problem.

Typically, an evaluation protoeol defines a set of data, how it should be
used by a system to perform a set ut experiments and how the performance of
the system should be quantified [ :}. The protocol should be designed in such
a manner that no bias in the performance is introduced. e.g. the training data
is not used for testing. It should also represent a realistic operating scenario as
different scenarios normally require different protocols, no single protocol will be
able to cover all scenarios.

Over the past few years standard datasets for testing face authentica-
tion systems have become available. e.g. Yale [2:], Harvard [2], Olivetti [21],
M2VTS [22], ([i] gives a more comprehen:ne list). However, for many of them
no associated protocol has been defined. Experiments carried out by different or-
ganisations on these datasets will divide the data into different test and training
sets and consequentially they measure performance differently. ,

The FERET database has defined a protocol for face identification and face
verification [i]. However, only a development set of images from the database A
are released to researchers. The remaining are sequestered by the organisers to
allow independent testing of the algorithms. To date three evaluations have taken
place, the last one in the year 2000 [ .

More recently, two Face Recognition Vendor Tests [J] have been carried out,
the first in 2000 and the second in 2002. The tests are done under supervision
and have time restrictions placed on how quickly the algorizhms should compute
the results. They are aimed more at indeperzly testing the performance of com-
mercially available systems, however academic insticutions are also able to take
part. In the more recent test 10 comuercial systems were evaluated.

In the year 2000 a competition on the Xm2vis database along with the Lau-
sanne protocol [! | was carried out. Four different institutions submitted results
on the database which were subsequently published in [15]. This paper presents
the results of a second contest using the same dataset and protocol, that has been
organised as part of AVBPA 2003. This time round seven seperate msututmm
submitted results to the competition.

The results published are based compieteh on selﬂa;ae&ment of the subrmt‘
ted methods by the participating research groups. All the data from the Xm2¢ts
database to perform the tests is available from [i]. We believe that this open
approach will increase, in the long term, the number of algorithms that will be
tested on the XM2VTS database as each research institution is able to assess
their algorithms performance at any time. To date over 100 institutions have
obtained copies of the XM2VTS database.
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The rest of this paper is organised as follows. In the next section the database
and evaluation protocol are described. In section 3 an overview of each algorithm
which entered the competition is given. In section 4 the results according to the
prozocol are presented along with a discussion. Finally, some conclusions are
made.

2 The XM2VTS Database

»

The XM2VTS database { ] is a multi-modal database consisting of face images.
video sequences and speech recordings taken of 295 subjects at one month in-
tervals. This database is available at the cost of distribution from the University
of Surrey (see [ ] for details). The database is primarily intended for research
and development of personal identity verification systems where it is reasonable
to assume that the client will be cooperative. Since the data acquisition was
diszributed over a long period of time, significant variability of appearance of
clients, e.g. changes of hair style, facial hair, shape and presence or absence of
glasses, is present in the recordings - see figure L.

The subjects were volunteers, mainly employees and PhD students at the
University of Surrey of both sexes and many ethnical origins. The XM2VTS
database contains 4 sessions. During each session two head rotation and "speak-
ing” shots were taken. From the "speaking™ shot, where subjects are k)éking just

Fig.1. Sample images from XM2VIS database
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below the camera while reading a phonetically balanced sentence, a single image
with a closed mouth was chosen. Two shots at each session, with and wazhouc :
glasses, were acquired for people regularly wearing glasses. '
For the task of personal verification, a standard protocol for pex{ormance'
assessment has been defined. The so called Lausanne protocol splits randomly
all subjects into a client and impostor groups. The client group contains 200
subjects, the impostor group is divided into 25 evaluation impostors and 70 test
impostors. Eight images from 4 sessious are used.
From these sets consisting of face images, training set, evaluation set and test
set are built. There exist two configurations that differ by a selection of particular
shots of people into the training, evaluation and test sets. The training set is
used to construct client models. The evaluation set is selected to produce client
and impostor access scores, which are used to find a threshold that determines
if a person is accepted or not (it can be a client-specific threshold or global
threshold). According to the Lausanne protocol the threshold is set to satisfy
certaiu performance levels (error rates) on the evaluation set. Finally the test
set is selected to simulate realistic authentication tests where impostor’s identity
is unknown to the system. The evaluation set is also used in fusion experiments
(classifier combination) for training, but this is not relevant in the context cf
this paper.
The performance measures of a verification sy: stem are the False Acceptance 5
rate (FA) and the False Rejection rate (FR). Faise acceptance is the case where
an impostor. claiming the identity of a client, is accepted. False rejectmn is the
case where a client, claiming his true identity, is re_xecfed FA and FR are given
by:

FA=EI/Ix100% FR=EC/C +100% 1)

where EC is the number of impostor acceptances, I is the number of impostor
claims, EC the number of client rejections, and C the number of client claims.
Both FA and an FR are influenced by an acceptance threshold. To simulate real
application the threshold is set on the data from the evaluation set to obtain
certain false acceptance (FAE) and false rejection error (FRE). The same thresh-
old is afterwards applied to the test data and FA and FR on the test set are
computed. Three thresholds are defined on the evaluation set:

SR R B S e .

Trag=p = arg ﬁiinr(F REiF AF = 0) - =
Trap=rre = (T|FAE = FRE) (2)
Trre=o = arg ming{(FAE|FRE = 0)

Consequently, perforinance ou the test set is characterised by six error rates.

FArag=0 FRrag=o . -
FArag-rae FRrae=rFRE [3)
FArre=0 FRrre=0
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3 Overview of the Algorithms and the Scope
of The1r Evaluatxon

This section describes the face verification wthods that participated in the
coutest. For this competition, it was decided just to report the results at the
equal error rate, i.e. FAE = FRE.

Both configurations of the protocol are considered under two face image regis-
tration conditions: manual registration and fully automatic registration. Manual
registration is self-explanatory. Fully automatic registration requires that the
face has to be localised automatically for the test phase.

3.1 Best Results from ICPR2000 (Unis-ICPR2000)

In the ICPR 2000 competition, [.%], the best verification results for both
semi-automatic and fully automatic registration techniques were performed by
a method developed at the University of Surrey. It was based on a technique
reported in [ti;] which performs face verification based on linear discriminant
analysis. A novel way of measuring the distance between probe image and the
client template was used. We have included the results of this technique in this
paper to give a baseline comparison and indicate hovv the algomthms have im-
proved over the past three vears. T

3.2 Da.lle Molle Institute for Perceptual Artlﬁcxal Intelhgence
(IDIAP)

IDIAP entered two seperate face verification algorithms into the competition.
A brief description of each technique is given below:

IDIAP - Cardinaux The proposed face verification method is based on Gaus-
sian Mixture Models (GMMs), [:+] and [i. The face images are analyzed on
a block by block basis. Each block is decomposed in terms of an extension of the
2D Discrete Cosine Transform (DCT), namely DCT-mod2. The GMM approach
uses a combination of Maximum Likelihood (\IL) and Maximum a Posteriori

{MAP) criteria.

IDIAP - Marcel We use skin color information in addition to the gray-level
face image in order to train face verification systems using artificial neural net-
works, {12 and [{1].

The representation used to code input images is based on gray-scale face
image. The face hounding box is computed using manually located eyes coordi-
nates. The face is cropped and the extracted sub-image is down-sized to a 30x10
image. After enhancement and smoothing, the face image becomes a feature vec-
tor of dimension 1200. The skin color feature is chosen to be simply the RGB
color distribution of filtered skin pixels inside the face bounding box. For each
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color channel, an histogram is built using 32 discrete bins. Hernce, the feature
vector produced by the concatenation of the 3 hbtoorams (R G and B) has 96“ :
components. ' :

Our face verification method is baae.d on Mnlta-La.ser Perceptrons (\ILPs)
For each client, an MLP is trained to classify an input to be either the given
client or not. The input of the MLP is a feature vector corresponding to the
face image with its skin color. The output of the MLP is either 1 (if the input
corresponds to a client) or -1 (if the input corresponds to an impostor). The
MLP is trained using both client images and impaostor iimages, often taken to be
the images corresponding to other available clients.

3.3 Universidad Politécnica de Valencia (UPV)

The local feature representation appréach is used in this face verification con-
test, [12] [7]. Using this local feature representation scheme each image is repre-
sented by several smaller images. To classify each test image a nearest neizhbor
classifier is used by taking a suitable voting scheme. Given a test image, the
k-nearest neighbors of its local feature images are found among the feature vec-
tors computed for the training images. Each neighbor votes for its own class and
a vector of votes (per class) is obtained by simply counting all votes. Following
a direct voting scheme, the test image is classified into the most voted class. This
sum rule of the votes of each local feature i image is szrmlar to the sum rule u.sed
in the Combining Classifiers theory. :

3.4 Tiibitak Bylten (TB)

The method uses a full Gabor wavelet transform for both finding feature points
and extracting feature vectors []. The feature extraction algorithm of the pro-
posed method has two steps: {1) Feature point localization, (2}. Feature vector
generation. Feature vectors are extracted at points with high information con-
tent on the face image. The features are not limited to eyes, nose, etc., L.e. special
facial features such as dimples are also extracted. The face image is then con-
volved with Gabor filters, and R; is found to be the response of the face image to
the jth Gabor filter. Feature localization is done by searching local maximums
of R; which are also having the value above the mean of all pixel values of R;.

Feature vectors are generated at the feature points as a composition of Gcs.bc}r -

wavelet transform coefficients. To measure the similarity of two complex valued
feature vectors, a normalized cross-correlation function is used which ignores the
phase.

Face comparison is done in two steps. In the first step, the feature vectors
of reference images those are not close enough to the feature vectors of the test
image in means of both location and similarity, are eliminated. In the second step,
the similarity of two faces is calculated as the mean of similarities of matched

features.
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3.5 Universite Catholique de Louvain (UCL)

This fuses results from three different face verification experts. It combines the 3
scores given by the algorithm using a weighted averaging. The first algorithm uses
Gradient Direction Metric in the LDA subspace to compute the score {developed
in UniS}. The second algorithm uses the Probabhilistic Matching to compute the
score (developed in UCL). The third method computes the score by taking the
L1 norm between the colour histogram of the face image (developed in UCL).
The images are registered using manually locared eye coordinates. More details

can be found in [7].

3.6 Commercial System

The University of Kent used a well known coummercial system to perform face
verification using fully automatic registration according to the Lausanne proto:
col. The package was used with the default settings. In enrollment some images
were rejected by the system. This meant that sone client templates were built
with only one or two examples. The package recommends a minimum of four
suitable training images.

3.7 University of Surrey (UniS)

UniS entered three seperate face verification algorithms into.the competition.

A brief description of each is given below. The third method based on the the
Shape Trace Transform was doue in conjunction with a visiting researcher from ~
the Mahanakorn University of Technology (MUT).

Normalised Correlation in LDA Space (UniS-INC) Linear Discriminant
Analysis (LDA) projects the input image data into fisher faces which maximise
the class separability. In [ 1. it has been demonstrated that in the context of
face verification, a matching score based ou Normalised Correlation (NC) works
effectively in the LDA space. Histogram equalisation was used to normalise the
registered face photometrically. The thresholds in the decision making system
have been determined using the Client-Specific Thresholding technique.

Error Correcting Codes (UniS-ECOC) In {-] a novel approach to face -
verification based on the Error Correcting Ourput Coding (ECOC) classifier
was presented. In the training phase the client set is repeatedly divided into
two ECOC specified subsets to train a set of binary classifiers. The output of
the classifiers defines the ECOC feature space, in which it is easier to separate
transformed patterns representing clients and impostors. The faces were first
transformed in LDA space and the binary classifiers used to generate the binary
codes were neural networks.
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Shape Trace Transform (MUT-UniS-STT) A ) new face reprmntanon. the

Shape Trace Transform (STT), for recognizing faces in an authentication sys-

tem [ "] has been developed. The STT offers an alternative representation for
faces that has a very high discriminatory _power, We estimate the dissimilar-
ity between two shapes by a new measure we propose, the Hausdorff context.
The reinforcement learning is used to search the optimal parameters of the algo-
rithm, for which the within-class variance of the STT is minimized. This research
demonstrates that the proposed method provides a new way for face represen-
tation. Our system is verified with experiments on the XM2VTS database.

4 Results and Discussion

Tables 1 and 2 shows the results using manual registration for both configurations
I and II. The results on configuration I show that the best performing algorithm,
the Shape Trace Transform, achieves an error rate of 1.47%. In fact three different
methods have achieved a very similar low error rate, i.e. MUT-UniS-STT. Unis-
NC and UniS-ECOC. This is an increase in performance by a factor of 3 over the
best performing semi-automatic technique in the year 2000 competition where
the best TER obtained was 4.8% ‘

Tables 3 and 1 shows the reaults using fully automatic registration for hoth

configurations I and IL In the year 2000 competxtmn the best performance for

configuration I was 13.1%. in this competition it was 3.86%. An increase in
'performance of factor 3.5. Again, three different methods have achieved a similar
level of performance, i.e. UPV, IDIAP-Cardinaux and UniS-NC.

Table 1. Error rates according to Lausanne protocol for configuration I with
manual registration

Evaluation Set / y

Method R FA | FR [TER]
UniS-ICPR2000 001230250 4. 80}
IDIAP-Marcel .67/1.67] 3.34 |1.748]2.000{ 3.75 ||
IDIAP-Cardinaux|0.75/2. 9511 5013 ,
MUT-UniS-STT {116 1.0 mg -
foee— Jimiejasfiais[sa]
TB 2.3411.00/ 3.34 | 5. {
UaiS-ECOC 010 ; . ‘

UniS-NC : |
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Table 2. Error rates according to Lausanne protacol for conﬁguratlon II with
manual registration

Evaluation Set Test Set
Method FA|FR|TER] FA | FR {TER
IDIAP-Marce! 1.25]1.25] 2.5 }1.463]2.25013.715
IDIAP-Cardinaux|0.75]0.75[ 1.50 [ 1.04] 0.95 | 1.29 ~
TB L.10J0.50] 1.6013.22 1450 7.72
UniS-NC 0.33]0.75] 1.08 1 0.25 1 0.50 | 0.73

Table 3. Error rates according to Lausanne protocol for configuration I using
full automatic registration

Evaluation Set Test Set
Method FA | FR |TER{FA | FR |ITER
UniS-ICPR2000 - - 1140133} 7.3 13i{
Commercial Systern|11.00]11.10]22.1012.53]13.50116 .33
IDIAP-Cardinaux [1.21}2.003.2111.951 275470
UPV 1.3311.33/2661.23] 2751398
CniS-NC 082]4.16]4.95[1.36] 25 :Tsﬂi

Table 4. I:,rror rates according to Lausanue protocol for conﬁvuranon I using
full automatic registration

Evaluation Set Test Set

Method FA | FR ITER| FA | FR {TER
Commercial System]13.20113.40} 26.6 |14.30{11.25]25 55
IDIAP-Cardinaux |1.25]1.20]2.45]1.35]0.75 ] 2.10
UPV 1.73 ] 1.5 3.530] 1.55 1 0.751 2.30
UniS-NC 0.6312.25[2.88{1.36] 2.0 {3.36

5 Conclusions

This paper presents a comparison of face verification algorithms that was or-
ganised in conjunction with the Audio Visual Biowetric Person Authentication
conference of 2003. Many different verification algorithms from 7 different institu-
tions were tested using identical data from a large, publicly available multi-modal
database, the XM2VTS. Training and evaluation was carried out according to
an a priori known protocol. Results indicate that in the last three years the
performance of the algorithms have increased by a factor of three.
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